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Abstract
Wireless high-speed digital communications systems are becoming increasingly 
commonplace for both commercial and militaiy applications. One of the most effective 
techniques for combating multipath interference is the multicarrier OFDM (Orthogonal 
Frequency Division Multiplexing) scheme. However, the high PAPR (Peak-to-Average 
Power Ratio) of OFDM signals constitutes a problem when non-linear amplifiers are used. 
In this thesis the PAPR problem is introduced and the LINC (Linear Amplification with 
Nonlinear Components) technique is considered as a possible solution to counteract the PA 
(Power Amplifier) nonlinearity distortion. The proposed LINC technique can be 
implemented using DSP (Digital Signal Processing) techniques, has the potential of high 
IMD (Inter-modulation Distortion) suppression and it is unconditionally stable, which is a 
key advantage in broadband applications.
It’s well known that the unwanted imperfections like the I/Q (In-phase/Quadrature) 
imbalances present in the analogue IQ modulators in a direct conversion OFDM system 
contribute to a loss of orthogonality and create ICI (Inter-carrier Interference). These 
impairments can also severely reduce the efficiency of the LINC technique itself. This thesis 
investigates a digital compensation mechanism to reduce the IQ imbalance errors in the 
direct conversion OFDM LINC transmitter.
The LINC technique is considered in the first part of this thesis as a possible linearisation 
technique to counteract the non-linear distortion caused by both the mixer and power 
amplifier in a single-caixier QPSK (Quaternary Phase Shift Keying) transmitter.
Prototype systems for single-carrier QPSK transmitter and multi-carrier OFDM transmitter 
have been constructed to demonstrate the proposed method’s capability.
Key words: Direct conversion, LINC, mixer Linearisation, nonlinear distortion, OFDM 
transmitter, power amplifier linearisation, PAPR, transmitter Linearisation, QPSK 
transmitter.
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Chapter 1
Introduction
1.1 Motivation
Early wireless communication systems were based on constant envelope modulation 
schemes, most often FM (Frequency Modulation) and FSK (Frequency Shift Keying) [1,2]. 
The constant envelope feature o f these schemes enables high efficiency amplification since 
the power amplifier can be operated in its most power efficient region near saturation without 
corrupting the information in signal transmission [3]. The diawback, however, is the 
inefficient use of the spectrum [4].
The emphasis on higher data rates and spectmm efficiency has driven the industry towards 
linear modulation techniques such as m-PSK (Multi-level Phase Shift Keying) and m-QAM 
(Multi-level Quadrature Amplitude Modulation). These modulation schemes have 
information in both phase and amplitude and require linear processing [5]. In practice it is 
typically the final power amplifier stage that constitutes the real challenges for the designer, 
because of the generation of IMD [6 ]. As a result o f the nonlinear distortion, most o f the IM 
(Inter-modulation) power appears as interference in adjacent channels making it difficult for 
receivers to correctly detect the information [7]. The simplest solution would be to operate 
the power amplifier in the linear region. However, limited battery capacity has imposed 
primary restrictions on the power consumption. Filtering the output of the transmitter using 
a BPF (Bandpass Filter) will help reduce this type of interference but usually will not 
eliminate the vast majority of IMD since some harmonics falls within the wanted frequency 
band. Linearisation of the PA is a desirable alternative.
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The benefits of power amplifier linearisation are even more pronounced for multi-carrier 
applications such as OFDM scheme where the PAPR is large [8]. The OFDM scheme is 
becoming the chosen modulation technique for wireless communication systems [9], it 
supports high data rate wireless transmission using orthogonal frequency channels and does 
not require extensive equalisation [10], yet offer excellent immunity against fading and ISI 
(Inter-Symbol Interference) [11]. The major drawback of these systems is the large PAPR of 
the transmit signal, which renders a straightforward implementation a complicated and 
inefficient process [12].
Both linear and efficient power amplification can be accomplished using the outphasing 
concept first described in [13], and more commonly known as the LINC technique [14]. The 
LINC architecture of an RF (Radio Frequency) transmitter provides substantially linear 
amplification from two nonlinear amplifiers by decomposing the original amplitude and 
phase modulated signal into two constant amplitude envelope, phase varying signals, which, 
when combined, constructively and destructively interfere to reform the original signal. The 
output of the LINC amplifier, which is to be transmitted via an antenna, is an amplified form 
of the original signal. Because of the constant envelope, the information is not affected even 
when a grossly nonlinear device is used. This opens up the possibility of using power 
amplifiers driven deep into saturation.
The LINC technique was chosen in this work because it is suitable for digital implementation 
[15], especially with the emergence o f high speed DSP as an enabling technology to 
implement the technique, and represents an important paradigm shift in PA design. The 
technique also has the potential of high IMD suppression [16] and completely avoids the 
nonlinear characteristic o f the PAs [17] since the input signals are constant envelope signals. 
Moreover, the LINC technique is unconditionally stable since it’s based on open loop 
configuration [18], i.e. there is no delay as a consequence of the feedback loop, which is a 
key advantage in high speed OFDM communications systems.
Frequency translation devices are usually present in RF transmitters in order to upconvert the 
modulated baseband signal to the desired fiequency, and that leads to another important 
source of interference. In a two step upconversion process, the modulated input signal is
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generated at an IF (Intermediate Frequency), then frequency translated in one or more mixing 
stages to the final frequency.
A common problem with this arrangement is the requirement for image rejection filters. In 
addition, the mixing process will produce nonlinear distortion in the output signal, causing 
spectial regrowth [19]. Similar to the power amplifier, the nonlinear distortion can be 
reduced by ensuring that the input signal, in this case the IF signal, is operated well below 
compression. However, the mixers are required to operate at their maximum output in order 
to reduce the amount of gain required in the succeeding RF amplification stage. Spurious 
products that fail at offsets far from the wanted frequency can be suppressed through 
filtering, but those within the wanted frequency band will not be attenuated. The LINC 
technique is also considered in this work for mixers linearisation.
Another common way of mitigating those problems is to generate the wanted signal directly 
at the final frequency stage using an analogue IQ modulator. This arrangement is known as 
the direct conversion architecture. In this case, the I and Q baseband signals, or equivalently, 
the real and imaginary parts of the complex signal are used to directly modulate a carrier at 
the output frequency. Although spectral spreading of the signal into adjacent channels can 
still occur, the harmonic mixing effect is eliminated since there is only a single carrier 
component applied to the mixers.
A drawback with this arrangement is that the impairment caused by the IQ phase and gain 
errors of the analogue IQ modulators degrades the output signal of the high data rate 
multicarrier OFDM systems causing both out-of-band and in-band distortions [20-24]. The 
out-of-band interference is usually characterized by ACI (Adjacent Channel Interference), 
while the in-band distortion can be quantitatively described in terms o f EVM (Error Vector 
Magnitude). These unwanted imperfections in the analogue IQ modulators are not only 
Imown to contribute to the loss o f orthogonality and create intercarrier interference in direct 
conversion OFDM systems, but they are also known to reduce the performance of the LINC 
technique itself [25].
A further contribution of this thesis is the development of a digital IQ imbalance 
compensation technique that reduces the effect of the IQ imbalance caused by the analogue
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IQ modulator in the direct conversion OFDM transmitter. Hence the ability of the LINC 
technique itself is extended to include this digital control mechanism to compensate for the 
imperfections of the two analogue IQ modulators. The mechanism stores the measui ed data 
of the analogue IQ modulators and adjusts the signal components of the LINC system in 
order to compensate for any differences in the characteristics of the separate signal paths, 
which would cause the combination not to accurately represent the original signal.
1.2 Objectives of the Research
The choice of modulation type involves many trade-offs to optimise efficiency in digital 
radio system design. Bandwidth efficiency is the extent to which a modulation format uses 
an allocated bandwidth and its ability to accommodate data within that limited bandwidth. 
Power efficiency describes the ability of the system to reliably send information at the lowest 
practical power level. In most systems, bandwidth efficiency is the highest priority. 
However, a change in one category has a direct effect on the other.
In the past, improvement in power efficiency could be achieved by sacrificing bandwidth 
efficiency. This is no longer acceptable, since the electromagnetic spectrum is already 
crowded and every communication system design must be as bandwidth efficient as it is 
power efficient. In this environment, modulation selection takes on increased importance. 
The new digital transmission systems, particularly those based on OFDM technology, feature 
good bandwidth efficiency as they exploit multilevel modulation schemes to transmit at high 
information rates with combination to a dense allocation of a large number of orthogonal 
subcarriers, making it suitable for many communications systems including digital 
broadcasting, wireless standards and seems to be an excellent candidate to fulfill on 4G (4* 
Generation) mobile radio systems. However, these modulation signals have a large PAPR, 
as a result, problems with nonlinear distortion become critical for system performance and, 
therefore, must be reduced to a minimum.
The objective of this research is to reduce the nonlinear distortion in the transmit system for 
both single carrier and multi-carrier OFDM transmitters to achieve excellent efficiencies and
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the effect of the IQ imbalance using advanced digital signal processing techniques. The 
research efforts focuses on three areas:
• Mixer Linearisation
• Power amplifier Linearisation
• IQ imbalance compensation
1.3 Structure of the Thesis
The dissertation consists of six chapters, and it’s mainly concerned with the Linearisation of 
the power amplifier and improving the performance of the fiequency translation in both 
single carrier and multi-earner OFDM transmitters.
In Chapter 2, the fundamental concepts of existing Linearisation techniques are described. 
These techniques are feedforward, predistortion, cartesian loop, EER (Envelope Elimination 
and Restoration), adaptive baseband predistortion, LINC and CALLUM (Combined 
Analogue-Locked Loop Universal Modulator). Their relative advantages and disadvantages 
are briefly discussed.
The third chapter presents the influence of the power amplifier and mixer nonlinearities on 
modern digital communications systems, and provides an overview of the single carrier 
QPSK transmitter architecture. This includes the digital baseband generation, filtering and 
the operation of the digital QPSK modulator. In addition, the nonlinear distortion caused by 
the nonlinear devices such as the mixer and power amplifier as a result from the envelope 
fluctuations of the filtered signal is discussed. The LINC is then considered as a prospective 
Linearisation technique to reduce the nonlinear distortion caused by both the mixer and the 
power amplifier in the single carrier QPSK transmitter with two-stage upconversion. 
Finally, prototype systems have been constructed to demonstrate the scheme and its 
capability.
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Chapter 4 provides an overview of OFDM concept and demonstrates the effect of the high 
PAPR of the signals when nonlinear amplifiers are used in OFDM transmitters, followed by 
reviewing the background of some o f the existing solutions for PAPR reduction, and a brief 
comparison between them is presented. The LINC technique is then used to linearise the 
power amplifier in an OFDM transmitter. Finally, a prototype system is constructed and the 
data is presented in the frequency domain.
Chapter 5 is devoted to digital baseband compensation algorithms for IQ imbalance in direct 
conversion OFDM LINC transmitter. The compensation technique helps to correct for the 
analogue imperfections, which in turn improves the overall LINC performance.
In a practical implementation, the data is collected using a measurement set-up station, and 
the technique is performed on prototype systems to evaluate its performance.
Finally, chapter 6 concludes the dissertation and provides future research directions.
1.4 Related Publications
Two papers are included in this thesis.
[1] A. Azirar and I. D. Robertson, "Linear frequency translation and amplification with 
nonlinear components," lEE Electronics letters Vol. 40, No. 5, PP. 322-323, 4‘‘^ March 2004.
[2] A. Azirar and I. D. Robertson, "OFDM LINC transmitter with digital I/Q imbalance 
compensation," IEEE MTT-S International Microwave Symposium Digest, Vol. 2, PP. 743- 
746, 6-11 June 2004.
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Linearisation Techniques
2.1 Introduction
Linearity properties and power efficiency are competing objectives in RF and microwave 
power amplifier design, especially in digital mobile communication systems, where the total 
efficiency of the system is significantly determined by the efficiency of the high power 
amplifier at the time of transmitting. This means that the operating time for example in a 
handset is greatly dependent on the efficiency of the HPA, while high power efficiency is 
also prefened in base stations in order to achieve low power consumption and avoid 
problems of overheating. Given that both linearity and efficiency aspects are generally 
desirable, there is much interest among the international research community in techniques, 
which can compensate for nonlinear distortion generated by the HPA, thereby allowing it to 
be used at higher drive levels for optimum power efficiency. As a result of the nonlinearity 
distortion caused by the HPA, the transmitted signal is distorted and ultimately increases the 
bit error rate.
An obvious solution is to filter the amplified transmitted signal. However, filtering cannot 
easily suppress emissions from the transmitted signal that are located on the same frequency 
or near to the desired frequency band.
A very common although trivial solution to nonlinear distortion, is backing-off the operating 
point of the power amplifier far from the saturation region. This is normally measured by the 
input back-off and output back-off parameters that correspond to the distance in dB 
(Decibles) between the average and saturated input and output power. This solution restricts 
the driving input to the HPA to operate within a reduced region of the whole dynamic range, 
and as result more stages are required in the amplifier to maintain a given level of the power
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transmitted, and hence greater DC (Direct Current) input power is consumed. Thus reducing 
the power efficiency of the transmitter, which is certainly a critical consideration in 
communication systems design.
Complementary to the above solutions, the use of Linearisation techniques has been shown 
to be essential in reducing the nonlinear distortion, and enabling the HPAs to operate near 
saturation with good power efficiency. The more widely known techniques are feedforward, 
predistortion/adaptive baseband predistortion, cartesian loop, EER and LINC/CALLUM.
2.2 Feedforward Concept
Feedfoiward [26] involves comparing the power amplifier input and output signals to derive 
an error or distortion term in a signal-cancelling loop. This residual error is then amplified in 
a separate, low power amplifier before being subtracted from the main amplifier output in an 
error-cancelling loop as shown in Figure 2-1
Directional Coupler Directional Coupler
RF Input HPA
Error
Cancelling
Loop
Signal
Cancelling
Loop
Attenuator
\ f  -
Delay
Error Amplifier
Figure 2-1: Block diagram of feedforward
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If the low power, error or equivalently known as auxiliary amplifier is perfectly linear and 
the error-cancelling loop is perfectly balanced, then the overall result is distortionless, and 
the output signal is a relatively clean amplified version of the input. However, in practice the 
cancellation loops are only partially effective, and the technique is compromised.
In a practical feedforward implementation, there will be imbalance in the error-cancelling 
loop, which will limit the distortion reduction. For example, a 1 dB gain error and a 10° 
phase error limits the distortion suppression to just 14 dB. It was demonstrated in [26] that 
an improvement of say, 30 dB would require the balancing to be within 0.3 dB and 1°. Even 
if such stringent requirements can be met, the overall linearity can never be better than that 
of the error amplifier, which must therefore operate in Class-A and will consequently be 
power inefficient. These problems are further compounded by errors in the signal-cancelling 
loop, which will increase the power handling requirements of the error amplifier.
Whilst feedfoiward is capable of improving linearity over a wide bandwidth, where some 
experimental results are reported [27] for a C band feedforward linearised amplifier 
demonstrating a minimum of 20 dB IMD suppression across the 5.9 - 6.4 GHz satellite band, 
it requires more analogue hardware to implement, and it may also be susceptible to drift in 
gain and group delay characteristics due to the likelihood of deterioration of performance 
with ageing, temperature variations and other variable conditions. However, a recent 
resurgence of interest in feedfoiward coiTection techniques has led to their application in 
broadband applications.
2.3 Predistortion Concept
The basic idea of predistortion is to cancel the distortion in the power amplifier by 
predistorting the transmitted signal with the inverse function of the amplifier. The signal is 
thus predistorted before being applied to the amplifier. If the predistorter has a non-linearity 
which is the exact inverse of the amplifier nonlinearity, then the distortion introduced by the 
amplifier will exactly cancel the predistortion, leaving a distortionless output. Figure 2-2 
shows the basic predistortion concept.
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RF OutputInput HPA
Predistorter
Figure 2-2: Block diagram of predistortion
Such predistortion may be implemented at RF, IF or at baseband. Baseband linearisers based 
on the use of LUTs (Look-up Tables) held in memory are more common with the ready 
availability of VLSI (Very Large Scale Integrated Circuit) and microprocessors, and can 
offer a compact solution. Until recently, however, it has been easier to generate the 
appropriate predistortion function with RF or IF circuitiy.
In its simplest analogue implementation, a practical predistorter can be a network o f resistors 
and nonlinear elements such as diodes or transistors. Several examples of this technique 
have appeared in the literature, example [28], where the reduction in third order IMD that has 
been reported, is typically in the range 7-15 dB.
Another predistortion based method, which shows reasonable improvement have been 
analysed in [29] for satellite communications systems, here a pair of FET (field effect 
transistor) amplifiers are used as the predistorter. In this arrangement, the input signal is 
unequally split between the two amplifiers, such that one of them is driven into compression. 
The compressed output is then scaled and subtracted from the linear output to produce the 
inverse of the compression characteristic, as required. Reduction in IMD of around 4-5 dB 
has been measured using this technique, but only when the main amplifier is operated with at 
least 0.3 dB of output back-off.
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Predistortion linearisation is a mature technology, and have been favoured for microwave 
frequencies and above applications because of their wideband performance, and ability to 
function as standalone units. However, the poor performance is due to the fact that the 
amplifier characteristics are not constant, but vary with time, frequency, power level, supply 
voltage and enviromnental conditions. It’s necessary to adjust the predistoit waveform so 
that it can track changes in amplifiers characteristics. This technique is known as adaptive 
baseband predistortion.
Adaptive baseband predistortion as the name suggests uses DSP techniques, in this system 
predistortion is applied at baseband before upconversion to RP [30]. A feedback path is 
generally provided to support real-time adjustment o f the predistortion coefficient in order to 
maintain a high level of linearity as shown in Figure 2-3
Digital Processing Analog Processing
RF
Output
HPA
Update LO
ADCs
DACsPredistortionBlock
Predistortion
Algorithm
Quadrature
Modulator
Quadrature
Modulator
Figure 2-3: Block diagram of adaptive predistortion
It was demonstrated in [30] that for a two-tone test, the third harmonic distortion product is 
reduced by 30 dB. While the reported digital adaptive predistortion techniques provide more
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precision and flexibility, the associated instantaneous bandwidth limitations are severe, and 
they tend to be very computationally or memory intensive. However, development of faster 
algorithm for adaptive baseband predistotion techniques is always in progiess [31].
Another factor that hinders the deployment o f digital adaptive predistortion technique is a 
lack of interface standards between RF outputs and inputs. Although some progress has been 
made over the past few years. As such interface are not upgraded of currently existing 
transmission schemes such as OFDM.
2.4 Cartesian Loop Concept
The cartesian loop is a well known feedback linearisation technique [32]. It demodulates a 
portion of the FA output signal and negatively feeds this back at baseband through 
differential amplifiers to the I/Q modulator with the complementary error signal, thus 
compensating for the PA distortion as shown in Figure 2-4
+
LO
0 - .
90” 0
90“ 0 -
RF
Output
Attenuator
Figure 2-4: Block diagram of cartesian loop
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The cartesian loop technique provides linearisation of a complete transmitter as opposed to 
just the power amplifier. This technique combines the upconversion and power 
amplification processes by taking the baseband IQ signals and tianslating them into an RF 
carrier frequency at a high power level. The result is that any nonlinearity in the 
upconverter, driver-amplifier chain and RF power amplifier are negated. In addition, if 
another stage of frequency translation is needed in the process, then nonlinearities in this 
device are also removed.
The cartesian loop technique is widely used in low frequency amplifiers, where stability of 
the feedback loop is easy to maintain, and improvements of more than 30 dB in spectral 
regrowth are possible using this technique, but it is inherently narrowband due to stability 
[33,34], which depends upon loop gain, phase shift: introduced by the PA and its 
compensation, time delays in the circuit and loop filter bandwidth. Loop delays themselves 
could be a source of output distortion. To overcome the imperfections of analogue 
components, a digital cartesian loop is investigated in [34] where the processing is shifted to 
baseband in order to provide a better control and compensation of loop delay. However, the 
proposed digital cartesian technique tends to be computationally intensive, and it is still in its 
early stages and there is no prototype system to demonstrate the performance of the system.
2.5 Envelope Elimination and Restoration Concept
EER also known as Khan technique is based upon the equivalence of any narrowband signal 
to simultaneous amplitude and phase modulations [35]. In a modern implementation, both 
the envelope and the phase modulated canier are generated at baseband using DSP 
techniques.
Kahn technique transmitter operates with high efficiency over a wide dynamic range and 
therefore produces a high average efficiency for a wide range of signals and power back-off 
levels. Figure 2-5 demonstrates the basic concept of EER.
13
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Figure 2-5: Block diagram of EER
In EER the envelope of the RF signal to be amplified is extracted, amplified linearly and 
separately, and applied as modulation to the DC power supply of the RF power amplifier. 
The technique has the theoretical potential to achieve 100% DC to RF power conversion 
efficiency at all envelope levels of the modulation signal. In practice, the efficiency falls 
short o f this, however, the actual figure may still be in the region of 65% [36].
Despite these impressive figures, there are a number of practical limitations to the linearity 
available from the system. Most significantly, where low envelope levels are used, the RF 
power transistor may cut off, introducing significant distortion into the system, and the phase 
coherency between the envelope and the main phase signals in the restoration process. An 
additional delay process is then needed, which in turn limits the operation bandwidth of the 
technique.
EER was initially developed for SSB (Single Sideband) and TV (Television) transmitters, 
but there are number of articles [37], which consider its implementation with multicarrier 
modulation schemes for future generations of wireless systems.
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2.6 Linear Amplification with Nonlinear Components 
Concept
The LINC technique is based on the so called the out-phasing technique [13], which was 
introduced in the mid 1930’s to overcome the increasing problems with high cost and low 
power efficiency of high power AM (Amplitude Modulation) broadcast transmitters. When 
the technique was rediscovered in the early 1970's by Cox [14], it became more known as 
LINC. Cox suggested a solution that was suitable for modulation schemes exhibiting both 
amplitude and phase variations. The LINC scheme avoids the nonlinear characteristic of the
power amplifier by feeding it with a constant envelope^ signal. Two phasors with equal 
amplitudes are generated from the input signal in the signal component separator. These 
phasors are amplified separately in high power amplifiers and finally recombined to form an 
amplified replica of the input signal as shown in Figure 2-6.
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Figure 2-6: Block diagram of a LINC architecture
Earlier papers [14,38] suggested a completely analogue solution where the signal 
components separator operated at some intermediate frequency or directly at the carrier 
frequency. In a modern implementation [39], DSP techniques are used to produce the 
constant envelope signals. Theoretically, the LINC technique offers the potential of high 
power efficiency since the input to the PAs are constant envelope signals. Moreover, the 
LINC scheme is inherently stable since it’s an open loop system, and thus, it’s suitable for 
broadband applications. However, the complexity of the system and the problem of the 
imbalance between the sign^ paths, which is hard to achieve in an open loop approach 
prevented the LIN.C technique fr om becoming widely accepted.
To overcome the major stumbling block with the LINC approach, which is the generation 
and control of the signal sources with sufficient accuracy and tracking capability to 
reproduce the linear power output. A novel implementation of two channel RF synthesis, 
termed CALLLFM was developed [40]. The CALLUM method can cope with these issues by
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encompassing the generation and combining of the synthesis signals in a closed loop control 
system.
The CALLUM technique can be regarded as a particular implementation of cartesian 
feedback in the LINC system. There are a few variations on the implementation of the 
system in the literature. However, the basic structure of CALLUM [40] is illustrated in 
Figure 2-7.
vcolin
HPA
Antenna
LO Load
Power 
> k Combiner
VCO
HPA
Figure 2-7: Block diagram of CALLUM
The CALLUM system produces a linear, high level RF output signal in the same manner as 
the LINC method. An arbitrary input signal varying in phase and amplitude is decomposed 
into two constant envelope signals, which can each be amplified by grossly nonlinear but 
highly efficient amplifiers and then recombined at high level to synthesize the required 
output. The constant envelope signals are derived from two VCOs (Voltage Controlled 
Oscillators). The original LINC system operated in an open loop configuration and was
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sensitive to small gain and phase imbalances in the two paths. The CALLUM system has a 
closed loop configuration and can continuously correct for such imbalances. It is a complete 
transmitter scheme, which both upconverts and linearly amplifies a baseband signal 
represented in cartesian form, within a closed loop system,
A major obstacle in the design o f such a system is to maintain the stability of the feedback 
loop [34], which requires careful design in order to prevent low frequency poles from 
reducing stability margins. This restricts the CALLUM method to narrowband modulating 
signals.
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2.7 Conclusion
Each o f these linearisation techniques has its own advantages and disadvantages, nonetheless 
all these methods, depending on the circumstances, can contribute linearisation improvement 
benefits at or nearer to saturation PA operation. Furthennore, many linearisation techniques 
that are intended for use in reducing the nonlinear distortion caused by the power amplifiers, 
are also applicable to other components such as frequency translating devices or even the 
whole transmitter as was demonstrated in the case of cartesian loop technique.
Some of the drawbacks, however, include the need for down-conversion and demodulation 
of the output of the power amplifier, especially for linearisation techniques that have closed 
loop topology such as the adaptive baseband predistortion, CALLUM and cartesian loop. 
The need for high speed computation and/or convergence, susceptibility to modeling errors, 
use of non real time applications as in the case of adaptive digital predistortion. Furthermore 
bandwidth limitation due to feedback loop means that these linearisation schemes become 
less and less competitive as the required input signal bandwidth increases, which is a key 
consideration for multicarrier OFDM based broadband applications.
Feedfoiward linearisation on the oth^r hand simultaneously offers wide bandwidth and good 
IMD suppression. The price, however, for this performance is the higher complexity due to 
the prçsçnce of extia RF components, and the requirement of amplitude and phase match in 
two different loops.
Predistortion linearisation have been favoured for microwave frequencies and above 
applications because o f their wideband performance and ability to function as standalone 
units. However, the poor performance is due to the fact that the amplifier characteristics are 
not constant and varies with different elements including the operating fr equency.
EER linearisation technique can deliver high power efficiency and suitable for wideband 
applications, but the linearity achieved depends upon the accuracy of reproduction of the 
input signal’s amplitude and phase information.
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The LINC technique converts the input signal into two constant envelope signals that are 
amplified by HPAs then combined before transmission. Theoretically the technique can 
provide excellent efficiency over a broad range of output powers since the branch amplifiers 
are constantly operating at optimum, maximum swing, each amplifier is always operating at 
peak efficiency and can offer wide bandwidth, making suitable for broadband applications. 
Consequently, It’s very sensitive to gain and phase imbalances in the two signal paths, which 
are mainly caused by the RF components in the transmitter including the analogue IQ 
modulators.
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Chapter 3
Single Carrier Transmitter Linearisation
3.1 Introduction
In narrowband wireless communication systems, adjacent channel interference specifications 
require the use of tightly band limited signaling formats. To meet these requirements, pulse 
shapes that span many symbols are used. Typically, some sort of Nyquist pulse shape such 
as an RRC (Root Raised Cosine) filter is used. These pulse shapes cause a substantial 
increase in the peak power of traditional linear modulation formats such m-PSK.
Nonlinear amplification of such a signal will cause distortion in the output signal and will 
regenerate side lobes, thus destroying the spectral containment of the original signal, 
degrading system performance and causing disturbance to neighbouring channels (spectral 
leakage, regrowth).
The effects of nonlinear distortions from power amplifiers on adjacent channel interference 
as well as bit error rate performance are investigated in detail in [41] for both QPSK and nlA 
shift QPSK signaling formats for portable radio communications. It was shown in [41] that 
when a pulse shaping filter with a roll-off factor a  of 0.5 is used, the peak to average power 
ratio is 3.2 dB for 7t/4  shift QPSK and 4 dB for QPSK, and these values increase with a 
smaller values of a  since the amplitude fluctuations is getting larger.
Ideally, constant envelope signaling such as FM and CPM (Continuous Phase Modulation) 
would allow for maximum amplifier efficiency. However, such formats are not very 
bandwidth efficient. Thus, there is a need to produce bandwidth efficient signals, which also 
have a low PAPR.
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This chapter proposes the LINC [14] method for improving the spectral regrowth behaviour 
of modulated QPSK signal. In this technique, the transmitter is made of two branches having 
a high power amplifier each, operated with constant envelope signals, with a combining 
structure at the output. The constant envelope feature of these signals enables high 
efficiency amplification since the power amplifiers can be operated deep into saturation 
without corrupting the information in signal transmission.
Mixers are key components in communication systems for frequency translating signals. In 
transmitters, mixers upconvert the baseband signal to IF or to RF signal for transmission via 
an antenna. However, the inherent nonlinearity o f mixers in communication systems creates 
similar undesired effects to the ones caused by the PA like IMD, spreading the spectrum to a 
wider bandwidth. Conventional linearisation techniques such as cartesian loop method have 
the advantage to include the upconversion stage in the linearisation process but they are still 
issues regarding the stability of the system, which were analysed in [42]. Other reported 
linearisation techniques for mixers within radio systems applications are mainly dealt with 
the downconversion stage in the receiver side. This is because the mixer is the key 
components in the receiver, which determines IMD levels. Some o f these techniques are 
based on feedfoiward [43,44] and predistortion [45] methods. High levels of IMD reduction 
can be obtained, in the region of 30 dB [44]. However, for the reported feedfoiward method 
[44] the performance is critically dependent on the amplitude matching of the IMD products 
and the mismatching characteristics of the two mixers. In addition, it would be impractical 
to use neither feedfoiward method reported in [44] nor predistortion method reported in [45] 
at the transmitter side for both fiequency translation and power amplifier linearisation.
In comparison to feedforward and predistortion approaches, the proposed LINC technique 
has the potential o f greatly simplifying the design of circuitiy due to the elimination of a 
large number of RF components by moving the processing from analogue to digital. Hence 
with this option, the upconversion processing and power amplification operations are 
incorporated within the linearisation system. This allows both devices to operate in closer to 
saturation unlike many conventional transmitter linearisation techniques where only the PA 
is linearised.
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This chapter will begin with a brief overview of a two stage upconversion single carrier 
transmitter architecture. It will then be followed by the description of the proposed LINC for 
overcoming nonlinearity of the transmitter at baseband level. The detailed analysis, some 
simulation results, and finally prototype systems with practical measurement results 
considerations will be presented illustrating the performance of the technique in improving 
spectral regrowth for both frequency translation and power amplifier devices. Even though 
couple of papers [14,46] have pointed out to the linearisation o f power amplifiers and 
frequency translating components using the LINC technique, with respect to the theoretical 
behaviour there is not yet, to the author’s knowledge, practical measurement results showing 
the performance of the LINC approach used for both fiequency translation devices and 
power amplifier linearisation.
3.2 Single Carrier Transmitter Architecture
QPSK also referred to as 4-ary PSK modulator is used routinely to modulate multicarrier 
systems such as OFDM, but is highly developed stand-alone transmission format for point- 
to-point digital transmission in both military and commercial communications systems. 
Terrestrial microwave radio links and satellite communication systems frequently employ 
QPSK as their modulation format, is proven in multiple field trials, provides a good balance 
between bandwidth efficiency and robustness to channel impairments, and offers simple 
implementation with open architecture.
In the configuration of a two-stage upconversion narrowband [47] QPSK transmitter, the 
baseband signal is first converted to an IF signal and then to an RF signal, because of the 
stringent image rejection requirements of the transmitter, a BPF filter is often used in the RF 
stage followed by power amplifier and an antenna as shown in Figure 3-1.
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Figure 3-1: Basie architecture of a conventional QPSK transmitter
3.2.1 Digital QPSK Modulator
There is an increasing tendency to implement the modulator digitally i.e. to generate the 
intermediate frequency digitally using digital IQ vector modulator, which leads to better time 
and environment stability, greater flexibility and higher performance than traditional 
analogue techniques. This factor becomes more important as the LINC transmitter [25,48] 
is more sensitive to IQ imbalances o f the analogue vector modulators. The configuration of a 
conventional digital QPSK modulator is shown in Figure 3-2.
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Figure 3-2: Block diagram of a conventional digital QPSK modulator
The symbol builder in the digital modulator takes the incoming unipolar binary bit stream at 
a bit rate of fy produced in the data-generation process, collects them into symbols at a rate of 
fs. In the case of QPSK the symbol builder collects two bits per symbol and maps them to 
the four quadrants of the I and Q plane as shown in Figure 3-3.
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Figure 3-3: Building QPSK symbols from binary data
The relation between symbol rate and bit rate is as follow:
f  = 4 (IT )
Where
(3.2)
Ts being the symbol duration. The modulated signal has four distinct phases (7i/4 ,3 tc/4 , 57i/4  
and 77t/4 ), each representing one symbol, and each symbol contains 2 bits of information.
Although Gray coding is not presented in Figure 3-3, the mapping of the bits into symbols in 
the MATLAB programs carried out in this work was done in accordance with the Gray code. 
This code ensuies that neighbouring points in the constellation only differ by a single bit and 
helps to minimise the overall bit error rate.
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The symbol builder then creates two bipolar binary waveforms that are passed through two 
spectrally shaped baseband filters and then modulated by the inphase and quadrature carriers 
and combined to produce the intermediate frequency output signal.
Some degree of over-sampling is usually applied to the signals before filtering. Over- 
sampling is the process of increasing the number of samples per symbol. The QPSK 
modulator shown above produces one sample for each symbol (two bits). An over-sampling 
ratio of four results in four samples per symbol [49] and a longer waveform, easing the 
transition band requirements o f the reconstruction filters.
Finally, the digital QPSK signal is converted to analogue and filtered at the output of the 
modulator to limit further its power spectrum. This prevents spill-over into adjacent 
channels and also removes out-of-band spurious signals caused by the modulation 
operations.
3.2.1.1 Pulse Shaping Filters
The Nyquist or pulse shaping filters are applied to baseband signals to reduce the transmitted 
bandwidth and increase spectral efficiency. These filters are FIR (Finite Impulse Response) 
filters with taps that represent the sampled impulse response of the desired filter and they can 
be accomplished using the mathematical concept of convolution [47].
The properties of the filter are controlled by the roll-off factor a  defining the excess 
bandwidth relative to the symbol rate as well as the amplitude range of the signal. Another 
property is that for each symbol transmitted there exists a time point in the signal waveform 
where the influence from preceding and succeeding symbols is zero, i.e., there is no ISI 
(Intersymbol Interference). ISI is best thought o f as the energy from one symbol being 
spread into adjacent symbols. This has two effects; firstly, there is less energy left in the 
symbol for the demodulator to make a decision as to the value of that symbol. Secondly, 
energy from adjacent symbols will further increase the chances of an erroneous decision if 
those adjacent symbols are of a different value.
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Usually the filter is split, half being in the transmit path and half in the receiver path. In this 
case root Nyquist filters commonly called root-raised cosine are used in each part, so that 
their combined response is that of a Nyquist filter. The inpulse responses of the raised cosine 
filter with symbol rate Ts and a roll-off factor a  is given by:
. Ttt îiat(sm(— ) (cos(— ))
s
The single-carrier QPSK modulator includes a pair of root raised cosine filters with a roll-off 
(a  = 0.35), which controls the sharpness of the filters and gives a direct measure of the 
occupied BW (Bandwidth) of the system. The relation between the BW and a  is:
B W  =  ( ^ ) * ( l  +  a )
(*) denotes multiplications. Alpha is sometimes called the “excess bandwidth factor” as it 
indicates the amount of occupied bandwidth that will be required in excess of the ideal 
occupied bandwidth, which would be the same as the symbol rate. Smaller values of a 
require less bandwidth.
If the filter had a perfect brick wall characteristic with sharp transitions i.e. an a of zero, the 
occupied bandwidth would be equal to symbol rate. In a perfect world, the occupied 
bandwidth would be the same as the symbol rate, but this is not practical since it’s proven 
impossible to implement a filter with an alpha of zero. Figure 3-4 shows the effect of a  on 
filter bandwidth and envelope fluctuation.
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Figure 3-4: QPSK constellation diagram
(a) without filtering 
(b) with filtering, a= 0.75 
(e) with filtering, a= 0.35
As it can be seen from the constellation diagram in Figure 3-4(a), all the states have the same 
amplitude, and so QPSK does not use amplitude to modulate the carrier. However, as the 
carrier transitions fr om one state to another moves diagonally across the centre point of the 
axes, the amplitude of the carrier will temporarily change. Thus QPSK is not a constant 
envelope modulation scheme. In this case any signal path through which a QPSK signal 
travels must have a degree of linearity in order to avoid creating distortion. Meanwhile, the 
constellation diagram of the QPSK signal in Figures 3-4(b) and 3-4(c) show that filters with 
alphas of 0.75 and 0.35, respectively, smooth the transitions and narrow the frequency 
spectrum required.
Furthermore, Figure 3-4 shows that different filter a  also affects the transmitted power. In 
the case of the unfiltered signal in Figure 3-4(a), with an a  of infinity, the maximum or peak 
power o f the carrier is the same as the nominal power at the symbol states. However, As can 
be seen from the constellation diagram in Figures 3-4(b) and 3-4(c), the smaller alpha takes 
more peak power because of the overshoot in the filter’s step response. This produces 
trajectories, which loop beyond the outer limits of the constellation. At an alpha of 0,35, 
about the usual value for most radio systems today, there is a need for significant excess
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power beyond that needed to transmit the symbol values themselves. Hence, a key factor in 
the use of the raised cosine filter is that changing the roll-off factor a of the filter changes 
PAPR of the filtered signal. The PAPR is a popular statistic for describing signals with 
amplitude variation.
Generally, a signal with higher PAPR requires amplifiers with higher linearity to handle the 
average power requirements and the peak amplitude excursions without generating excessive 
out o f band distortion.
3.2.1.2 QPSK Output Signal
The filtered signals are fed to digital IQ modulator (see Figure 3-2) for directly translating 
the baseband signal into an intermediate fiequency signal. The output bandpass signal can 
be written as:
S(t) = I(t)cos(w^t) + Q(t)sin(Wgt) (3.5)
where I(t) and Q(t) are the in-phase and quadrature component and Wc is the carrier 
frequency in rad/sec. Figure 3-5 shows amplitude fluctuation of the QPSK output bandpass 
signal S(t) with roll-off factor a==0.35.
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Figure 3-5: Simulated time domain output signal of the QPSK modulator
The characterisation of continuous-time signals given above are usually carried over to 
discrete-time signals. Such signals are obtained by sampling a continuous-time signal 
uniformly at a sufficiently high rate and expressed as:
2tiFc 23eFcS[n] = I[n]cos[— n] + Q[n]sin[— n] (3.6)
samp ■ samp
The sampling rate Fsamp in Hz is high enough to satisfy Fsamp> 2Fc+BW, v^here Fc and BW 
are the intermediate carrier frequency and the bandwidth in Hz, respectively.
In practice, a DDS (Direct Digital Synthesiser) produces sinusoids at a given fiequency, and 
digital mixers in QPSK modulator are simply multipliers that generate quadrature 
modulation. The outputs from the multipliers are summed and fed to a DAC (Digital to 
Analogue Converter).
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3.2.1.3 Spectral Efficiency of QPSK Signals
The spectral efficiency of a modulation scheme is defined as the ratio of the bit rate to the 
bandwidth, /BW, expressed in bit/s/Hz. In the case of QPSK, the bandwidth of the signal 
is fs*(i + a). Hence, its spectral efficiency is:
fb ft 2 (3 7)
tIqpsk g w  (l +  a ) f ,  1 +  a
since = fb/2 .
For the minimum bandwidth case (a  = 0) the theoretical spectral efficiency of QPSK systems 
is 2 bit/s/Hz. However, for practical filters with a roll-off factor of a  = 0.35, the spectral 
efficiency is 1.5 bit/s/Hz. Figure 3-6 shows the simulated spectrum of the filtered inphase 
signal and the spectrum of the DSB (Double Sideband) QPSK modulator output signal with a 
roll-off factor a  = 0.35. The system bandwidth is 1.35 times 3 dB bandwidth, where 3 dB 
bandwidth is equal to symbol rate.
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3.2.1.4 Measured Spectra of QPSK Modulator Output Signal
Once the QPSK modulated carrier is combined it’s then scaled, and the data file generated by 
MATLAB program is then loaded to a TTI-TGA1244 foui* channel arbitrary waveform 
generator with selectable output filter, operating at a maximum sampling fiequency of 40 
MHz and maximum operating voltage of 20 V (Volts) peak to peak. It should be noted that 
the operating sampling frequency and the output voltage of the arbitraiy waveform generator 
dictate the actual output signal characteristics including the caiTier frequency and bandwidth 
of the signal, which in turns changes the bit rate, and the magnitude of the output signal. The 
arbitrary waveform generator is used to feed the analogue IF signal on one of the four 
channels to an Agilent E4407B spectrum analyser operating in a frequency range of 9 kHz to 
26.5 GHz, a 20 dB attenuator was connected to the input of the spectrum analyser as shown 
in the measurement set-up of Figure 3-7.
GPIB
Attenuator
One Channel oIF Signal4 Output Channels
Personal
Computer
MATLAB
Program
Spectrum
Analyser
E4407B
Arbitrary Waveform 
Generator 
TTI-TGA1244
I ta> ta? (8? tg I
Figure 3-7: Measurement set-up for QPSK output modulator
The TGA1244 has a true variable-clock architecture, it can also operate in direct digital 
synthesis mode and it’s capable of producing up to four waveforms, which can be either fully 
independent or linked using simple or complex relationships including full interchannel 
triggering, summing and phase control. The channels can be phase-locked with user defined 
phase angles, allowing the generation o f multiphase waveforms or locked waveforms of 
different frequencies. It can generate signals within the frequency range 0.001 Hz to 16 
MHz. Waveforms may be defiped with 12 bit vertical resolution and from 4 to 65536
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horizontal points. GPIB (General Purpose Interface Bus) interface is used as standard 
interface for the downloading of data files generated by MATLAB programs from the 
personal computer. In this set-up, the measurement is been made at the final stage of the 
QPSK modulator using one channel. Figure 3-8 is a spectrum analyzer plot o f the modulator 
DSB output centered at a carrier fiequency of 2.171 MHz and a baud rate of 1030 kbaud. 
The 1.03 MHz 3 dB bandwidth, which is half bit rate and 1.39 MHz stopband edges (excess 
bandwidth/system bandwidth) can be read from the diagram.
flttenPeak
Start 332.5 kHz Stop 4.675 MHz
Figure 3-8: Measured spectra of DSB QPSK output signal
From the measured spectra of the QPSK modulated output signal, the side lobes are almost 
60 dB below the carrier, and there is no widening of the signal, which is often referred to as 
spectral regrowth. If the inphase and quadrature signals of the QPSK modulator are 
unfiltered, the digital system in which the carrier is modulated with rectangular pulses may
sin(x)give rise to infinite sidebands following a — - —  law. Interestingly, the sidebands may still
be regenerated owing to nonlinear effects in the high power amplifier and mixer. These 
effects are discussed in the following section.
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3.2.2 RF Stage
In the single carrier transmitter (see Figure 3-1 section 3.2), the QPSK modulated signal is 
generated digitally using a digital IQ modulator. The digital signal with vaiying envelope is 
then converted to analogue format and upconveited by a mixer to an RF signal before 
feeding into the power amplifier. QPSK modulation was used because of its ability to 
increase the data transmission rate. However, the benefit of using lineai’ modulation schemes 
such as QPSK can only be maintained if the fidelity of the complex modulating signal can be 
preserved through the transmitter, particularly through the upconverter and the PA stage.
3.2.2.1 Nonlinearities
Generally the nonlinearities are mainly caused by two nonlinear components in a transmitter, 
mixers and power amplifiers. The mixer is a high frequency device, whose modelling is 
similar to the power amplifier. It is usually to operate the mixer at its maximum output in 
order to reduce the amount o f gain required in succeeding RF amplification stage. However, 
nonlinearity in the mixer limits the maximum size of the output signal by producing IMD in 
the desired signal band causing spectral regrowth. The interference that it produces will in 
turn drive the PA and result in unwanted products in the final transmitted signal. Unwanted 
emissions from an interfering transmitter may fall within a desired channel resulting in 
degradation of a wanted signal operating in that channel.
The nonlinear distortion is characterized, measured, and specified by various techniques, 
depending upon the specific signal and application.
The C/I (Carrier to Intermodulation) ratio compares the amplitude o f the desired output 
carriers to the IMD products. ACPR (Adjacent Channel Power ratio) compares the power in 
an adjacent channel to that of the signal. It is currently the most widely used measure of 
linearity. EVM is the distance between the desired and actual signal vectors. ACI it is 
typically defined as the ratio of the spectral density of the modulated signal to the maximum 
level o f spectral density outside the channel in question when is used as a measure of the
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spectral purity for a given transmitter. Often in this thesis it’s the improvement in ACI that 
is presented rather than the actual ACI level for a given linearisation circuitry.
Estimation of spectral regrowth and nonlinear distortion has been approached in a variety of 
ways. The excitation of a nonlinear circuit by a large number of input tones based on the 
spectral balance method was analysed in [50], and the resulting algorithm was used to predict 
ACPR. Another method that was used to chaiacterise spectral leakage to adjacent channels 
have been reported in [51], where a least squares fitting of a power series to AM-AM 
(amplitude modulation to amplitude modulation) and AM-PM (Amplitude Modulation to 
Phase Modulation) transfer data was used to predict amplitude and phase transformation 
through nonlinear microwave power transistors. It was found that ACPR can loosely 
correlate to the third order IP3 (Intermodulation Product), although the presence of strong 
fifth-order nonlinearity either due to loading or intrinsic device characteristics can impact 
ACPR in the TDMA (Time Division Multiple Access) digital system. In [52] a method was 
developed to predict ACPR based on a time domain analysis technique and bandpass 
nonlinearity theory. AM-AM and AM-PM transfer characteristics are used to directly 
predict samples of the output complex envelope based on samples of an input complex 
envelope and the algebraic expression for a bandpass nonlinearity given by the describing 
function and corresponding nonlinear phase and amplitude.
Volterra series provides the most general form of analytical analysis of nonlinear circuits. 
However, it is typically a laborious process to derive a formulation even for the simplest of 
circuits. Nevertheless, it is a useful analysis technique for assessing spectral regrowth and 
has received more attention in literature. Analytical expressions for gain compression and 
phase distortion from a third-order Volterra nonlinear transfer function model was reported 
in [53], and these generated expressions were to predict spectral regrowth of a MESFET 
(Metal Semiconductor Field Effect Transistor) power amplifier. The method presents a 
connection between IMD and spectral regrowth, but is limited by the increasing complexity 
of the Volterra analysis for transfer functions above third order. In [54] a method where the 
modulated input signal as a sum of sinusoids was used and third order Volterra analysis was 
applied to find all third order terms that end up about the carrier frequency. A commercial 
Volterra software package was used to simulate the resulting spectral regrowth generated
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about the carrier. However, the results were not compared to measurement or theoretical 
data to determine limitations of the analysis or the number of sinusoids needed to accurately 
represent the modulated input signal. In [55], spectial regrowth analysis from Volterra 
kernel models was extracted from CW (Continuous Wave) measurements of microwave 
nonlinear circuits, and in [55] time-varying Volterra series was used to analyse spectral 
regrowth generated by a microwave mixer circuit showing that a large number of tones could 
be efficiently used with Volterra analysis to solve for the spectral regrowth.
Although such analysis were helpful in underlying existing methods for estimating the 
nonlinear distortion, the objective of this thesis is the suppression of spectral regrowth to 
reduce adjacent channel interference and minimisation of in-band distortion to improve BER.
3.3 Single Carrier QPSK LING Transmitter
IThe LING technique [14] amplifies two constant amplitude signals, which represent an input I
signal to be amplified. The LING technique uses a signal components separator [56] to split i
the input signal S(t) into two signals Sl(t) and S2(t), which are constant envelope, phase 
varying signals. The LING may be supplied a complex baseband digitally sampled signal 
[57]. The baseband signals can be a representation of any linear modulation scheme.
The LING architecture of radio transmitter often takes the form shown in the simplified 
block diagram of Figure 3-9
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Figure 3-9: Block diagram of a conventional LINC transmitter
A problem occurs when the conventional LINC transmitter in Figure 3-9 is considered for 
communication systems. A very high degree of accuracy in the phases and amplitudes of the 
two constant envelope signals Sl(t) and S2(t) [58] is required in order to achieve proper 
operation. This accuracy is partly dependent on the gain and phase imbalances as well as dc 
offset in the analogue IQ modulators [25]. Imperfections in the analogue IQ modulator result 
in unwanted envelope fluctuations resulting in changes in the characteristics of the signals 
Sl(t) and S2(t) that are supposed to be constant envelope signals. As a result, when the 
signals Sl(t) and S2(t) enter the power amplifiers, nonlinear distortion will appear at the 
transmitter output. In [48], the simulation o f a typical LINC arrangement where the analogue 
IQ modulators have identical misalignments of 0.5 dB gain, 5 degree phase and 5% dc offset 
for a TWT (Traveling Wave Tube) amplifiers operating at 2 dB output back-off, it only 
generate a signal which is 40 dB above its intermodulation distortion, down fi*om a 50 dB 
when minimal errors and TWT amplifiers operating at 2 dB output back-off were used. This 
is not sufficient for most radio transmitter applications where 60 dB is often required. 
Compensation techniques that have appeared in the literature to compensate for the IQ
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imbalance will be reviewed in chapter five when the direct conversion OFDM system using 
analogue IQ modulator is considered for broadband applications.
The analogue IQ modulators are usually used for their wide bandwidth. However, for 
applications which require narrower bandwidth and relatively low intermediate frequency, 
digital IF transmitter, which was described in the beginning o f this chapter and depicted in 
Figure 3-10, provides accurate IQ generation by allowing carrier to be implemented purely in 
the digital domain, which provides high degree of signal processing accuracy.
Baseband Modulation
Digital IQ Modulator
Digital MixerOver Sampler Antenna
Pulse Shaping 
Filter IF Signal
RF Mixer
Symbol
Builder
Data
Generator BPF >DAC HPA
Incoming
Bit
Stream
Over Sampler
LO
Pulse Shaping 
Filter
Digital Mixer
Q(t)
Figure 3-10: Block diagram of proposed digital IF transmitter
A common problem with this arrangement is that RF mixing process will produce many 
spurious products, as well as the main sum and difference frequency components. These 
arise through mixing of the LO (Local Oscillator) harmonics with harmonics of the IF input 
signal, often referred to as ‘m’ x ‘n’ products. These harmonics can be reduced by ensuring 
the IF port is operated well below compression. However, it’s recommended to operate the 
mixer at its maximum output in order to reduce the amount of gain required in succeeding 
RF amplification stage. Spurious products, which fall at offsets far from the wanted
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frequency-band, can be suppressed through filtering, but those close to the carrier will not be 
attenuated. On the other hand, since the LINC technique will be used to linearise the power 
amplifier. In this case the IF signal will itself be a constant envelope signal, which has the 
advantage that the RF mixer can be operated near compression without causing spectral 
regrowth.
To explain the principle in more detail consider a general bandpass [56] input signal:
S(t) = a(t) cos(27if^t + (p(t)) (3.8)
Where a(t) is the amplitude, q>(t) is the instantaneous phase and is the frequency of the 
source signal S(t).
This signal can be split in two constant envelope signals [56,57], Sl(t) and S2(t), such that 
Sl(t) = —^  sm(27if^t + (p(t) + a(t))  ^ ^
and
S2(t) = sin(27tf,t + (p(t) - a(t))  ^ ^
where
a.
with amax represents the maximum magnitude value of a(t). Earlier papers, e.g. [14] 
suggested analogue solutions where the signal components separator operated at some 
intermediate frequency or directly at the carrier frequency. The complexity, however, of 
these systems prevented the LINC technique from becoming widely accepted.
Today, the evolution of digital signal processing techniques has made it possible to 
implement the signal components separator using software or digital hardware.
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To implement the signal components séparation using digital signal processing, a 
perpendicular projection, E(t) is added to and subtracted from the input signal S(t) to form 
the two constant envelope signals Sl(t) and S2(t ) as seen in Figure 3-11 [59].
Imag
E(t)
Sl(t)
S(t) -E(t)
a(t) S2(t)
tpW
Real
Figure 3-11. Vector diagram showing the relation between the input signal and the constant
envelope signals
From Figure 3-11 the constant envelope signals Sl(t) and S2(t) are given as:
Sl(t) = S(t) + E(t) (3.12)
and
S2(t) = S(t)-E(t) (3 13)
where
and
|si(t)| = |S2(t)| = a, (3.14)
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2S(t) = Sl(t) + S2(t) (3.15)
Using either the graph in Figure 3-11 or from equations (3.12) and (3.13),
E(t) = S l(t)-S (t) (3.16)
and equivalently
E(t) = S (t)-S 2(t) (3.17)
Multiply equation (3.16) by equation (3.17), and the outcome is:
E(t)^ = (S l(t)-S (t))(S (t)-S 2(t)) (3 IB)
= Sl(t)S(t) - Sl(t)S2(t) - S(t)S(t) +  S(t)S2(t)
= S ( t ) ( S l ( t ) - ^ i ^ ^ ^ - S ( t )  + S2(t))
= S(t)(Sl(t) + S2(t) - - S(t))
Since 2S(t)=Sl(t)+S2(t) in equation (3.15)
E(t)=-S(tX2S(t)-^^^^P^-S(t))
Since |si(t)| = |S2(t)| = thus.
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a 2 (3.20)max
where |S(t)| is smaller or equal to amax. Representing E(t) in cartesian form, 
E(t) = j(I(t) + jQ (t))
Let
a 2
Where C is a constant, and I(t) and Q(t) are the inphase and quadrature components, 
respectively, of the input signal S(t).
By using equations (3.12) and (3.13) in cartesian complex form,
I, (t) + jQ ,(t)  = I(t) +  jQ (t) +  (-Q(t) * C + jl( t)  * C) (3.23)
= I(t) + jQ (t)-Q (t)*C  + jI(t)* C )
= I(t)-Q (t)*C  + jQ (t) + jI( t)* C )
= (l(t)-Q (t) * C )+ j(Q(t) + I(t) * C})
and
(3.21) :
-1
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I 2W  + jQ2 (t) =  I(t) +  jQ (t)-(-Q (t) * C + jl( t)  * C) (3.24)
= I(t) +  jQ (t) +  Q (t)*C -jI(t)*C  
= I(t) +  Q (t) * C + jQ (t)-jI(t) * C)
= (l(t) + Q(t) * C )+ j(Q(t)-I(t) * O )
(*) denotes multiplications. Following from equations (3.23) and (3.24), and to satisfy 
equation (3.15), we get:
T (3.:%)ii(t) “
Q i( t )  =
l2(t) = 
Qz(t) =
2
(Q (t) +  C * I (t ) )
2
(I(t) + C*Q (t)) 
2
(Q ( t ) -C * I ( t ) )
where (Ii(t),Qi(t)) and (l2(t),Q2(t)) are the inphase and quadrature components of the two 
constant envelope signals Sl(t) and S2(t), respectively. The above algebraic was devised by 
the author as to my knowledge; no detailed analysis has been recorded to refer the readers to. 
Figure 3-12 shows the proposed digital IF LINC transmitter with detailed algorithm for 
digital signal components separator.
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Figure 3-12: Proposed digital IF LINC transmitter with digital signal components separator
algorithm
The two constant envelope signals Sl(t) and S2(t) that are representing the intermediate 
frequency signals IFl and IF2, respectively, are upconverted individually using two RF 
mixers then amplified and sent to the power combiner, the resultant signal is the desired 
amplified replica of the original signal S(t). Hence, the nonlinear characteristics of the 
nonlinear mixers and power amplifiers are completely avoided by feeding each of them with 
constant envelope signal.
It should be noted that the inphase and quadrature components (Ii(t),Qi(t)) and (l2(t),Q2(t)) of 
the constant envelope Sl(t) and S2(t), respectively, are scaled before feeding each of them to 
the digital IQ modulators in order to satisfy equation (3.25).
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3.3.1 Experimental Results
Transmitter measurements are typically made at the power amplifier port. In this case, 
however, it was necessary to examine the transmitter at various test points. These are: the 
constant envelope signal Sl(t) in order to determine if the LINC algorithm is functioning 
properly. Next, the measurements made at the output port o f the mixer for both linearised 
and unlinearised signals. These signals are then compared to evaluate the effectiveness of 
the LINC in reducing spectral regrowth. Finally, measurements are made at the power 
amplifier output port, and comparison of the power spectrum results are made to determine 
the effectiveness of the LINC.
In the following experiments, the DUT (Devices Under Test) are a mini-circuit power 
amplifier model ZHL-42W and mini-circuit mixer model ZEM-4300. The characteristics of 
the power amplifier [60] and of the mixer [61] are shown in Table 3.1 and Table 3.2, 
respectively.
Frequency Gain DC Power
(MHz) (dB) (Volt) (mA)
Fl Fu Min
10 2000 30 +15 880
Table 3-1: Characteristics of the power amplifier, model ZHL-42W 
Where FLandFu are the low and upper frequency in the operating frequency band.
47
Chapter S. Single Carrier Transmitter Linearisation
Frequency Conversion Loss @
(MHz)
L0=1.8GHz
(dBm)
LO/RF IF +4 +7 +10
300 - 4300 DC - 1000 7.4 7.03 6.85
Table 3-2: Characteristics of the mixer, model ZEM-4300
The input to the RF mixer is a 1.03 MHz 3 dB bandwidth signal centered at a carrier 
frequency of 2.171 MHz. The input to the power amplifier is the same as the input to the 
mixer except the signal is shifted in frequency by 1.8 GHz to an RF signal using local 
oscillator, which is generated by the Agilent LO generator, model E4422B.
In all cases, the baseband input data is a QPSK modulation signal with a roll-off factor alpha 
of 0.35 as it was presented previously in section (3.2.1.4).
3.3.1.1 Measurement Results of the Constant Envelope Signals
In the QPSK digital IF LINC transmitter, the input source signal S(t) represents the filtered 
inphase and quadrature components of the QPSK baseband modulation signals. Recall in 
section 3.2.1.1, Figure 3-4(c) where alpha was 0.35, fiom the constellation of the inphase 
versus the quadrature components of the QPSK modulation, the phase varies from 0 degree 
to 360 degree with varying envelope. Here, we are trying to demonstrate that the input signal 
S(t) is decomposed to two signals Sl(t) and S2(t) with a varying phase range from 0 degree 
to 360 degree but with constant envelope. Figure 3-13 shows a block diagram for measuring 
the constellation of one of the constant envelope signals, in this case is the upper branch 
Sl(t).
48
Chapter 3. Single Carrier Transmitter Linearisation
li(t)
Digital MixersQi(t)
>  YDigital
Signal
Components
Separator
Baseband
Modulation
Q(t)
Figure 3-13: Block diagram for measuring the constellation of the constant envelope S l(t)
The baseband modulation, the signal components separator algorithm and digital mixing are 
programmed using MATLAB software programming language, then the program is 
downloaded to the arbitrary waveform generator, which connected to the HP (Hewlett- 
Packard) model 54602B four channel 150 Mhz oscilloscope. Figure 3-14 shows the 
measurement set-up.
GPIB
XY Button
Input
Personal
Computer
MATLAB
Program
Scope 
HP-54602B Æ
(8) (8)
Arbitrary Waveform 
Generator 
TTI-TGA1244
I O  (S) ®  @ I
Figure 3-14: Measurement set-up for constant envelope signal S l(t)
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Figure 3-15 shows the measured constellation of the constant envelope signal Sl(t).
XY
.. Amplitude (V)
I -1— —I—I—I I I I
Î
%
I— I— I— I— f—1— — h - i— fy Amplitude (V)
Figure 3-15. Measured constellation of the constant envelope signal Sl(t)
As it can be seen from the diagram shown on the scope and presented in Figure 3-15, the 
circular constellation is slightly noisy. This may be due to the effect o f the DACs and the 
analogue reconstruction filters that are embedded within the arbitrary waveform generator 
and/or may be due to the effect of the scope itself. However, as it was expected the 
constellation is circular, hence, the signal components separator algorithm in the QPSK 
digital IF LINC transmitter is functioning properly to produce a constant amplitude signals.
3.3.1.2 Measurement Results for Mixer Linearisation
The two constant envelope signals IFl and IF2 are frequency translated with nonlinear RF 
mixer 1 and RF mixer2, respectively, generating signals RFl and RF2, which are recombined
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to form a frequency translated replica of the input signal. Both RF mixers have the same 
characteristics.
Figure 3-16 shows the proposed system for mixer linearisation using the LINC technique.
Baseband
Modulation
I(t)
Q(t)
ii(t)— M
Digital IQ 
Modulator
IFl Signal with Constant Envelope 
RF Mixer 1
DAC H8>*l BPF RFl
Digital
Signal
Components
Separator
Digital IQ 
Modulator
RF Output 
Signal S(t)
Power
Combiner
RF Mixer2 
S2(t) IF2 Signal with Constant Envelope
Figure 3-16: Block diagram for frequency translation linearisation
In accordance with the LINC, the inphase and quadrature baseband components I(t) and Q(t) 
are fed to the signal components separator, which in turn generates the inphase and 
quadrature components (Ii(t), Qi(t)) and (l2(t), Qz(t) of the two constant envelope signals 
Sl(t) and S2(t), respectively. The four components are modulated to IF signals using a pair 
of digital IQ modulators each generating a constant envelope signal namely Sl(t) and S2(t). 
The constant envelope signals are converted to analogue signals, upconverted to RF signals 
using a pair of analogue mixers, filtered and then recombined to generate a frequency-shifted 
replica of the input signal. Since the input signals to the analogue RF mixers are constant, 
they can operate close to saturation without causing nonlinear distortion at the output signal.
In order to determine the effectiveness of the LINC technique in linearising the mixer, a two- 
stage upconversion prototype system was carefully assembled as shown in Figure 3-17.
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Figure 3-17: Prototype system for frequency translation linearisation
Data file from MATLAB program that includes all the QPSK modulator baseband 
processing and the signal components separator algorithm is loaded to the arbitrary 
waveform generator, which in turn generates two analogue intermediate frequency constant 
envelope signals IFl and IF2 with power level to drive the mixers into compression. The 
arbitrary waveform generator is connected to the personal computer through a GPIB.
The two constant envelope signals IFl and IF2 are mixed with LOI and L02 to form RFl 
and RF2 signals, respectively. Both mixers are mini-circuit, model ZEM-4300, and they 
were operating near compression point. The power available at the IF ports of the mixers 
was delivered by the arbitrary waveform generator. It should also be noted that LOI and 
L 02 signals have same characteristics, i.e. they are in phase, operating with similar 
frequency and both have equal amplitude. The LO signals were generated from a power 
splitter, which is connected to an LO signal generator from Agilent, model E4422B.
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Two bandpass filters were required to block the image band caused by mixing. However, 
due to the fact that bandpass filters were not available, for image rejection, a zoom function 
on the spectrum analyser was used to zoom into the wanted band instead. The author regrets 
that BPFs were not used to determine their effect on the overall system. Nevertheless, the 
general idea and the experiment as a whole should perform as predicted since the unwanted 
image band is far from the desired band.
The two mixed signals RFl and RF2 are then recombined with a power combiner to form an 
upconverted replica of the input signal, which then fed to the input port of the spectrum 
analyser. During the measurements the input port o f the spectrum analyser was connected to 
a 20 dB attenuator.
Figuie 3-18 shows spectrum analyser plots of the frequency-translated signal before and after 
linearisation.
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Ref 0 dBm Peak fltten  10 dB
d B /
HI S2 S3 FC
Start 1 .803 GHz Res BH 30  kHz 30 kHz Sweep 1 1 .67  ms (401 p ts)
Rtten 10Peak
d B /
HI S2  S3 FC
Start 1 .803 GHz Res BH 30 kHz Sweep 11.87  ms (401 p ts)
(a) (b)
Figure 3-18: Effectiveness of LINC technique in suppressing spectral regrowth, when the
nonlinear mixer is used.
(a) Spectra without the LEVC technique 
(b) Spectra with the LINC technique
Results in Figure 3-18 showing reduction of spectral spreading when mixers were driven 
deep into compression point in QPSK transmitter. The LINC technique improves the 
spectral o f the frequency translated QPSK signal by almost 20 dB, but this relies on both 
mixers to maintain high degree balancing of the two paths, in other words, accurate 
amplitude and phase match is required from both mixers in order to obtain a replica of the 
original signal. Nevertheless, the mixers are operated at their maximum output in order to 
reduce the amount of gain required in succeeding RF amplification stage without producing 
major IMD in the desired signal band.
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3.3.1.3 Measurement Results for QPSK Digital IF LINC Transmitter
Once the mixer linearisation measurement results were recorded, the frequency translated 
signals RFl and RF2 are then amplified with the two high efficient but nonlinear power 
amplifiers (see Fig 3-12) generating an amplified replica o f the input signal, which is 
obtained by summing the two upconverted and amplified output constant envelope signals.
Figure 3-19 shows prototype system for QPSK digital IF LINC Transmitter
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Analyser
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SMA Connectors Combiner
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RF SignalHPAZHL-42WMixerZEM-4300 Amplified 
RF2
Power
Supply
Figure 3-19: Prototype system for QPSK digital IF LINC transmitter
Duplicating the procedure in the previous prototype system given in Figure 3-17, then the 
upconverted signals RFl and RF2 are amplified using two Mini-Circuits ZHL-42W high 
power amplifiers as shown in Figure 3-19. The combined amplified RF output signal is 
attenuated by 20 dB in order to compensate for the gain of the amplifiers, and measured 
using a spectrum analyser.
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Since the input signal to each nonlinear high power amplifier has a constant envelope, the 
power amplifiers are operated near saturation in order to obtain high efficiency.
Figure 3-20 shows spectrum analyser plots of the QPSK digital IF transmitter before and 
after linearisation.
Ref 30 dBm Peak fltten 40 dB
d B /
HI S2 S3 FC
30 kHz kHz Sweep 11.67 ms (401 o ts )
Ref 30 dBm Peak fltten
d B /
HI S2 S3 FCU
Start 1.803 GHz Res BH 30 kHz 30 kHz Sweep 11.67 ms (401 p ts)
(a) (b)
Figure 3-20: Effectiveness of LINC technique in suppressing spectral regrowth, when both 
nonlinear mixer and power amplifier are used 
(a) Spectra without LINC technique
(b) Spectra with LINC technique
The measurement results show that the LINC technique improved the spectral regrowth by 
almost 20 dB, when nonlinear mixer and power amplifier used in the QPSK digital IF 
transmitter were operating near compression.
From Figure 3-20(b), it can be seen that although the upconverted and amplified signal is not 
exactly a copy of the signal presented in Figure 3-8, section 3.2.1.4, significant reduction of 
spectral regiowth can still be obtained by using the proposed LINC method.
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The reason that the proposed LD4C method was not very effective in completely suppressing 
spectral regrowth is its sensitivity to amplitude and phase imbalances between the two signal 
paths. Recall from equations (3.12) and (3.13) that if the two signal branches are perfectly 
matched, E(t) will ideally cancel its anti-phase counterpart when the two signals Sl(t) and 
S2(t) are upconveited, amplified and recombined, leaving only the upconverted and 
amplified source signal at the transmitter output. Using a conventional hybrid combiner is a 
convenient solution as it can provide high isolation and well-defined impedances, but it 
requires the input signals to be identical to avoid power losses. If the two input signals are 
uncorrelated the loss will be 3 dB and for the LINC transmitter the loss is sometimes even 
worse. More efficient combining techniques [62] exist, but they require the amplifiers to act 
as ideal voltage sources as the load impedance for each amplifier varies with such signal 
combiners.
Although in the LINC structure considered in this chapter the IQ modulation is performed 
digitally, which means better IQ matching can be achieved, an automatic control system 
based on feedback loop is advised for this scheme to achieve high degree of balance between 
the two signal paths. However, as the signal bandwidth gets wider, feedback systems begin 
to exhibit stability effects due to the delay in the loop.
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3.4 Conclusion
It was demonstrated in this chapter that the filtered QPSK signal proved to be sensitive to 
nonlinear distortion. As a result, the transmitted signal suffers a degiee of spectral regrowth 
originally removed during filtering. In many cases, transmitted signals must conform to 
stringent specifications or government regulations regarding spurious spectral emissions. 
The occunence of spectral regrowth can lead to RF emissions exceeding specified spectral 
masks.
This chapter considered the LINC to linearise two-stage upconversion tmnsmitter for 
narrowband applications. By adding a digital signal components separator in the baseband, 
both mixer and power amplifier were allowed to operate into their nonlinear region, thereby 
significantly increasing their power efficiency. The power efficiency provides longer battery 
life for mobile terminal users and reduces heat in base stations. The test carried out for 
QPSK modulated carrier has shown almost 20 dB ACI improvement at the upconverted and 
amplified output signal.
In addition, by using digital IF signal, the effect o f analogue IQ modulators imperfections on 
LINC technique was reduced, ac coupling is also possible because the analogue IF signal is 
no longer centered at dc. As a result, the dc offset of the analogue circuits before the mixer 
is eliminated and consequently, will not cause LO leakage. The digital linearisation 
technique of the transmitter potentially offers many other benefits, including 
programmability and reconfigurability, absence o f tuning or aging problems, as well as easy 
integrability and testing. Future advances in ASIC (Application Specific Integrated Circuit), 
FPGA (Field Programmable Gate Array) and DACs technology will no doubt eventually 
allow for an increased bandwidth and totally soft configuration.
In summary, the use of LINC technique and a digital IF stage results in a prototype 
transmitter with excellent improvement in linearity, which can be useful in modern and 
future wireless communications systems, for both mobile terminals and base station 
applications.
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Chapter 4
OFDM LINC Transmitter
4.1 Introduction
In recent years the growth of multimedia services and broadband applications in digital data 
transmission has led to ever increasing demands on throughput capacity of wired as well as 
wireless communications systems. The coexistence of many sei-vices and simultaneous users 
on the support of single fi'equency networks has become feasible since the implementation of 
techniques like OFDM [1] and COFDM (Coded Orthogonal Frequency Division 
Multiplexing) were possible at low cost thanks to the evolution of digital signal processing 
techniques and the expansion o f its capabilities. For instance, current technical standards are 
already considering bit rates as high as 54 Mbps for broadband digital communications while 
recent investigations on wireless indoor multimedia communications have attempted to reach 
rates of up to 155 Mbps [63]. These trends, in addition to the development of more powerful 
hardware for specific new digital signal processing applications, has widely extended and 
made possible the use of bandwidth efficient modulation schemes, such as m-PSK and m- 
QAM, for coded digital broadband systems. In this context, nonconstant amplitude 
modulations, in particular the OFDM schemes have been adopted as the standard 
transmission technique in the fiamework of a variety of next generation communications 
sei-vices. Indeed, OFDM systems are already operational for DAB (Digital Audio 
Broadcasting) [2,9,64] and DVB-T (Terrestrial Digital Video Broadcasting) [7,65] 
communications, while it has also been adopted for the new high bit rate WLAN/MAN 
(Wireless Local/Metropolitan Area Networks) standards, as IEEE802.il a-1999 and 
HIPERLAN II ETSI specifications [6,66], as well as the Japanese MMAC (Multimedia 
Mobile Access Communications).
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In OFDM systems, the entire channel is divided into N orthogonal nanow subchannels or 
subcarriers, and the high-rate data are transmitted in parallel through the subchannels at the 
same time. Therefore, the symbol duration is N times longer than that of single carrier 
systems.
The advantages offered by OFDM techniques are manifold. The most outstanding of them 
being its robustness in transmitting information over frequency selective channels where 
coding techniques [67] can be implemented to reduce the system degradation due to 
multipath fading.
Multipath fading of wireless channels leads to ISI, which limits the transmission rate of 
single carrier systems. In single carrier communication systems, ISI is usually dealt with by 
a time domain channel equaliser [10]. However, when the data rate increases, the symbol 
duration reduces and the equaliser becomes complex. OFDM is an elegant solution to the 
severe ISI problem and requires no extensive equalisation.
Additionally, it is worthy to mention the simple implementation using DSP techniques 
associated to OFDM transmission and reception processes, which can be implemented as 
low-pass signal treatments based on the FFT (Fast Fourier Transform) algorithm.
In contrast to its appealing properties, an important number of studies [2-4] in this area have 
shown that a simple OFDM scheme performs poorly under the influence of nonlinear 
distortions present in along the transmission chain. The OFDM signal is characterised by a 
highly nonconstant envelope that results from the combination of several amplitude 
subcarriers at each symbol. This is expressed by a large PAPR that makes these systems 
extremely sensitive and vulnerable to the nonlinear distortion typically introduced by the 
high power amplifier [68]. The nonlinear distortion caused by the power amplifier 
deteimines, on one hand, the power spectral density outside the used channel leading to an 
impact on adjacent channel suppression and transmit signal spectrum. On other hand, the 
introduced inband distortion influences the modulation accuracy.
As derived analytically in [69], the maximal theoretical PAPR of OFDM modulated signal 
S(t) sampled at the symbol rate with N subcaiTiers is:
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PYLF'FL(S(t)) = = l()log:w Ï4
Where E{.}denotes statistical averaging, and it’s usually expressed in dB.
This result, however, is quite pessimistic, for example, when 1705 subcarriers are used, the 
PAPR is approx 32.32 dB, most of the time the practical value of PAPR is much smaller. In 
fact, as described in [70] the PAPR of OFDM signals is in the range of 8-9 dB for a small 
number of subcarriers and 13-14 dB for a large number of subcarriers. Therefore, since it’s 
not practical to use equation (4.1) to determine the PAPR of OFDM signal, the CDF 
(Cumulative Distribution Function) is often used to evaluate the envelope of OFDM signals. 
CDF is the distribution ftmction of the PAPR. The probability that the PAPR is below some 
threshold r can be written as;
pr(P APR < r) = ( 1 -exp(-r))^ (4.2)
Figure 4-1, taken from [70], shows the CDF of the PAPR in OFDM signal for different 
numbers of subcarriers.
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Figure 4-1: PAPR of OFDM signal
As it can be seen from Figure 4-1 [70], that even when the subcarriers number N was 
increased to 100000, the probability of the PAPR exceeding 15 dB is only about 10'^ which 
may be low for many applications.
Although the PAPR of OFDM signals in general is much higher than the PAPR of single 
carrier QPSK modulated signal [41], it’s practically not as sensitive to the increase in the 
number of subcarriers as it was estimated in equation (4.1).
However, even though the practical values of the PAPR of OFDM signals are lower than was 
estimated, higher transmitter output back-off is required in comparison to a single carrier 
system. Hence, the PAPR reduction in OFDM system is desirable.
The LINC technique is considered in this chapter for OFDM transmitter linearisation. 
Detailed analysis of the LINC technique was presented in the previous chapter. The most 
outstanding advantage of the LINC scheme is the generation of the constant envelope signals 
from a signal with varying amplitude. Since amplitude variations do not have to be dealt 
with, it is possible to use high power amplifiers, which will amplify signals linearly by using 
the two phase modulated signals. The nonlinearity of the amplifiers is no longer a problem
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in the amplification of multiple signals or those containing large PAPR because the 
amplitude of the two generated signals become constant amplified amplitudes as they are 
amplified by amplifiers. Moreover, since the LINC scheme is based on an open loop 
configuration, it can remain stable and handle wideband signal, making it suitable for 
broadband applications such as OFDM systems.
Unlike the conventional transmitters, to the author’s knowledge, during this work neither 
prototype systems nor practical measurement results demonstrating the effectiveness of the 
LINC technique for OFDM system have been previously reported.
This chapter organised as follows: The OFDM system used throughout this study is defined 
and the different blocks of the transmission chain are described. After a brief review of some 
well known reported techniques that used to reduce the PAPR in OFDM systems, prototype 
OFDM LINC transmitter and practical measurement results are then presented showing the 
effectiveness of the LINC in reducing spectral regrowth in OFDM signals.
4.2 OFDM Transmitter
OFDM is characterised by transmitting the signal on a large number of subcarriers 
(frequency division multiplexing) and thereby allowing each subcarrier to transport only a 
moderate bit rate. The transmission system considered in this work is mainly based on the 
OFDM scheme used for digital video broadcasting applications and reported in [7,65,67,71], 
The basic model of an OFDM transmitter [67] is shown in Figure 4-2.
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Figure 4-2: Simplified block diagram of OFDM transmitter
Basically, the OFDM signal is made up of a sum of N complex orthogonal subcarriers
indexed with k = {0, 1, 2, 3, 4, In applications such as digital video
broadcasting systems, each subcarrier is modulated using either QPSK, 16-QAM or 64- 
QAM. If we let QPSK data be Ck and fc be the RF carrier frequency, then the transmitted 
signal S(t) [65] for one OFDM symbol, t=0 to t=Ts, is specified as:
S(t) = R e4  e
K
j27lfct
k = l
j27ik'(t - A)/Tu
(43)
nun
Where
Re is the real signal
k’ is the carrier index relative to the centre frequency
^ ^ m a x  ^ i n i n  ) (4.4)
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fc (Hz) is the RF centre carrier of the transmitted signal
k is the carrier number
Kmin is the minimum carrier number
Kmax is the maximum carrier number
Ck is the modulation of carrier k
Tu (ps) is the inverse of the carrier spacing or the useful symbol time 
A (ps) is the guard interval.
Ts (ps) is the total symbol duration:
T, = T „ + A  (4.5)
The OFDM signal is basically defined by the elementary time element T:
=  i  (4.6)
N
where N is the IFFT size, and 1/T is often referred to as the system clock frequency for the 
OFDM system. A and thus Ts are integer multiples of T.
The data in the OFDM modulator is split into N streams, which are independently modulated 
on parallel closely spaced subcarrier ftequencies. Since each subcarrier is QPSK modulated, 
hence the data rate R (bit/s) is:
^  _  N sym bol*2bits/sym bol (4.7)Iv — “Z
(*) denotes multiplications.
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4.2.1 Guard Interval and Coding
The subcarriers are orthogonal and it is therefore possible to decode the signal even though 
there is some frequency overlapping of the individual subcarriers. Although the symbol rate 
of each subcarrier is moderate, ISI would still occur if  no special measures were taken. To 
avoid the ISI, a guard interval is inserted before each symbol. The guard interval consists of 
a cyclic continuation of the useful symbol. It will ensure that the orthogonality o f the 
subcarriers can be retrieved for the received signal, as long as these are inside the guard 
inteival. The guard interval can have different values: 1/4, 1/8, 1/16 and 1/32 of the active 
symbol length. Clearly, from equation (4.5) and (4.7), the penalty of a long guard interval (= 
1/4 of active symbol duration) is a lower data capacity.
However, even though the guard interval will maintain orthogonality of the received 
subcarriers, in applications such as digital video broadcasting, echoes will cause fading. It is 
therefore often necessary to use the C (Coding) in COFDM [67]. Coding is essential for the 
performance of the system. By choosing an efficient forward error correction coding scheme 
and interleaving it is possible to achieve sufficiently low error rates in fading channels. The 
details o f the mechanisms for interleaving and error correction are explained more detailed in 
[65].
4.2.2 IFFT and Serial to Parallel Conversion
OFDM achieves orthogonality in the frequency domain by allocating each of the separate 
information signals onto different subcarriers. OFDM signals are made up from a sum of 
sinusoids, with each corresponding to a subcarrier. The baseband frequency o f each 
subcarrier is chosen to be an integer multiple of the inverse of the symbol time, resulting in 
all subcarriers having an integer number of cycles per symbol. As a consequence the 
subcarriers are orthogonal to each other.
There is a clear resemblance between equation (4.3) and the IDFT (Inverse Discrete Fourier 
Transform):
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Since various efficient FFT algorithms exist to perform the DFT and its inverse, it is a 
convenient form of implementation to generate N samples x» corresponding to the useful 
part. Tu long, of each symbol. The IFFT size is 2™, for example, when m = 11, which is the 
values considered in this work and often used for most communication systems such as 
DVB-T 2K mode. The IFFT size will then be 2048, and this value determines the maximum 
number of subcaiTiers to be used. In practice a number of subcarriers at the bottom and top 
end of the OFDM spectrum will be left out in order to allow for separation between chamiels 
(guard band).
The data to be transmitted is typically in the form of a serial data stieam. In OFDM, each 
symbol typically transmits 40-4000 bits, and so a serial to parallel conversion stage is needed 
to convert the input serial bit stream to the data to be transmitted in each OFDM symbol. 
The data allocated to each symbol depends on the modulation scheme used and the number 
of subcarriers. For example, in this work, the subcarrier is QPSK modulated and each 
subcarrier carries 2 bits of data. Using a transmission of 1705 subcarriers then the number of 
bits per symbol would be 3510. Since only 1705 subcarriers are used for data transmission, 
then the outer subcarriers are unmodulated and set to zero amplitude. These zero subcarriers 
provide a fi'equency guard band before the Nyquist frequency and effectively act as an 
interpolation of the signal and allows for a realistic roll off in the analogue anti-aliasing 
reconstmction filters.
4.2.3 RF Stage and Simulated OFDM Output Signal S(t)
The OFDM signal is generated at baseband using complex samples, and then modulated up 
to the required frequency using an analogue IQ modulator. The analogue IQ modulator 
frequency shifts the OFDM signal from DC to the required RF frequency, and converts the
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complex signal into a real signal S(t). The time and frequency response of the real signal S(t) 
are shown in Figure 4-3 (a) and Figure 4-3 (b) respectively.
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Figure 4-3: OFDM output signal S(t) 
(a) Time domain 
(b) Frequency domain
As it can be observed from Figure 4-3 (a), the value of the aforementioned PAPR of the RF 
signal in the time domain response is high. This is one of the main disadvantages of OFDM 
scheme because of the large amplitude swings of the signal will introduce very high 
intermodulation levels when the signal is nonlinearly amplified. In the frequency domain, 
the transmission spectrum as shown in Figure 4-3(b) will broadened and the intermodulation 
distortion will give rise to adjacent channel interference and inband interference, the most 
evident effect of which is an impairment in terms of bit error rate deterioration, which have 
been investigated separately in [72,73]. As a result, linear behaviour of the system over a 
large dynamic range is needed and the efficiency of the output power amplifier is reduced.
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4.3 PAPR Reduction Techniques
A number of approaches have been proposed for reducing the PAPR of OFDM signals. 
Some are based on the classical linearisation techniques that were reviewed in chapter two. 
Others approaches are based on the reduction of the PAPR of the transmitted signal. Those 
methods are coding, clipping and tone injection.
4.3.1 Coding
Coding techniques make use of the fact that only certain input data sequences will generate 
OFDM modulated signals with high PAPR. So it is possible to try to encode input data in a 
way that once modulated, the resulting signal exhibits a low PAPR.
4.3.1.1 Complementary Golay Sequences
Complementary Golay sequences [74] are a set of sequences that once modulated has the 
property of limiting the PAPR.
Detailed theoretical study of the characteristics of complementary Golay sequences is 
presented in [74] and their performance is evaluated by simulation and practical 
implementation in [75]. The simulation results in [75] show that the code can reduce the 
PAPR of the transmitted signal to 3 dB, while practical results shows that the PAPR of the 
transmitted signal is actually reduced from 9 dB to only 6 dB
The use of this coding scheme has several advantages. First, theoretically, the PAPR is 
limited to 3 dB and independent of the characteristics of the input data and the number of 
subcarriers. Second, the same DSP that implements OFDM can be used to implement the 
coding scheme too. Third, there is a coding gain so their error correction capabilities may be 
used to improve the system margin.
The main disadvantages, however, are the fact that all the subcarriers must ^ e modulated in 
the same way, which must be an m-PSK modulation scheme. Secondly, in addition to the
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need of a complex decoder, it is not clear whether pilots can be used with this scheme. Pilots 
are usually used in OFDM systems for synchronization.
4.3.1.2 Hadamard and Trellis Codes
In [76], the use of a Hadamard transform before the IFFT in the transmitter, and later in the 
receiver prior to FFT is proposed. Simulated results in [76] show that by using Hadamard 
transform, the PAPR can be reduced by about 1.2 dB for a QPSK modulated OFDM system 
with 32 subcarriers. The reduction in PAPR, however, was slightly larger for 16QAM 
modulated OFDM system with 32 subcarriers.
The advantages of this method are its simplicity and the fact that the same DSP that 
implements the FFT algorithms can also implement the encoding-decoding procedure.
Disadvantages are the low reduction, around 1.2 dB, although same reduction is achieved by 
other schemes that are much more complex. The number of subcarriers also has a minor 
effect on PAPR reduction performance.
4.3.1.3 Trellis sequences
In [77] trellis code shaping is discussed as a possible candidate to be used for PAR reduction. 
Simulation results in [77] show that the PAPR reduction achieved with this method for a 
QAM modulated OFDM signal is very low but it has the advantage of low complexity since 
it does not require additional FFT.
4.3.2 Orthogonal Pilot Sequences
Pilot Sequences are primarily provided for channel estimation and can also be employed for 
frequency synchronization. However, in [78] a new use of the pilots for PAPR reduction is 
proposed. At the transmitter, the procedure will be to check all possible pilot sequences 
included in the set per OFDM symbol and then to choose for transmission thé pilot sequencejthat generates the lower PAPR per symbol.
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This technique is still requires the transmission of some additional information to the 
receiver to determine which pilot sequence was transmitted. It is a desirable condition that 
the elements of this set are orthogonal, because in that case, there will be no need of 
transmitting the additional side information required to inform about which element of the 
set has been chosen.
Results in [78] show that PAPR reduction of 2 to 3 dB can be achieved for QPSK modulated 
OFDM schemes using a small set of pilots. In this way, the complexity in the transmitter is 
low. Also, when this proposal is only applied to OFDM symbols exceeding a certain PAPR 
threshold, which are the ones that should be more desirably reduced, the PAPR reduction 
increases to even larger values. The main advantage of this scheme is the fact that the same 
set of pilots that usually used for channel estimation or frequency synchronization can also 
be reused to reduce the PAPR in OFDM system. Regarding disadvantages, this scheme 
depends on input data, and in some sense on the number of subcaiTiers. In other words, as the 
number of subcarrier increases the effectiveness of the scheme decreases.
4.3.3 Selective Mapping
In [79] an approach based on selective mapping scheme was proposed. In traditional 
selective mapping, statistically independent alternative transmit sequences are generated 
which represent the same information. Finally, the sequence that lowers the PAPR is then 
selected for transmission. In order to perform the appropriate inverse operation in the 
receiver, it is necessary that the transmitter send information about which sequence was 
chosen. This means that side information is needed. Also, the transmitter must perform 
different IFFTs and then calculate resulting PAPR in order to select the sequence that 
exhibits the lowest PAPR.
In [79], all possible sequences are completed with a prefix with some information called 
label. These labels are scrambled and additionally convolutionally encoded before insertion 
into the symbol. Then, the transmitter performs the IFFT and selects the sequence with 
lowest PAPR. In this way, the side information is lower and besides it is protected against 
errors. Results in [79] show PAPR reduction of 1 to 2 dB for a small number o f subcarriers.
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The main advantage of this scheme is the error protection of the side information. Also, it 
may be used with a different modulation type in each subcarrier. However, this scheme has 
several disadvantages. The major one, however, it is complex in the transmitter to perfonm 
large number of IFFTs and calculate symbol PAPRs. All these calculations must been 
perfoimed in real time.
4.3.4 Partial Transmit Sequences
This technique can be considered as a particular case of selective mapping [79]. The 
procedure is as follows. First, the OFDM symbol is divided into M blocks, example, for N = 
256 and M = 16, they are 16 blocks of each 16 subcarriers. Then, each block is multiplied by 
a different phase, and the combination that causes the lowest PAPR is then chosen for 
transmission. The optimal partial transmit sequences searches the best phase combination in 
order to obtain the lowest PAPR, nevertheless, this is a complex procedure even for a small 
number of blocks.
In [80,81], a sub-optimal algorithm to find a proper phase combination is proposed, which 
avoids performing a search for all the phase combinations. However, the receiver must have 
the knowledge of which phase combination was sent, so some side information must be 
transmitted and consequently, the efficiency decreases.
This algorithm is veiy simple as it begins with all the phases equal to 1, then, the PAPR is 
calculated. The first block phase is switched and PAPR is again calculated. If new PAPR is 
lower than the former, this phase is stored; otherwise the phase is switched back. The 
algorithm proceeds by switching phases for all the blocks.
In [80] a new detection scheme is proposed in order to avoid the use of side information: 
only two possible phases are used, that is, two different constellations are allowed for each 
block, one rotated and one without rotation. The algorithm puts some markers into these 
blocks that must be rotated. The detection scheme first eliminates the modulation 
information by raising to the fourth the fi'equency symbols in the case of QPSK. Then, with 
the modulation removed, data symbols, in frequency domain, are differentially detected by
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computing for each block. It was shown in [80] that a reduction in the range of 2 to 3 dB can 
be achieved.
The advantages of this scheme are its conceptual simplicity and reasonable PAPR reduction. 
The main disadvantage, however, is that it is needed to perform 2M IFFTs for each symbol 
in real-time. Also, the reduction is proportional to M. In addition, the scheme is only valid 
for PSK modulations and it is not possible to use a different modulation for each subcarrier.
4.3.5 Tone Injection
In this case, the constellation of the modulation in each subcarrier is extended, so that 
different constellation points can represent the same value. Then, each time the constellation 
point that generates the lower PAPR is used. It can be considered as the introduction of a 
new tone and hence the name.
In [82], the original 2^QAM constellation is extended to QAM. In the decoder, the
original constellation is known, so if an extended symbol is received, the decoder knows that 
an extension has happened and decodes correctly.
The main advantage of this technique is that it can be used with QAM constellations and 2 
to 3 dB improvements in PAPR reduction was reported in [82]. However, the PAPR 
reduction with this new scheme depends on the number of tones injected [82], that is, as m is 
increased a higher PAPR reduction is achieved. Hence, the disadvantages are the fact that 
the complexity increases for high reductions.
4.3.6 Clipping
Coding and tone injection are a desirable method to reduce the PAPR for small number of 
subcarriers since they do not introduce any distortion to the signal. However, as the number 
of subcarriers increases, techniques such as coding become intractable since the memory 
needed to store the codebooksgmws exponentially with the number of subcarriers. A simple
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method for reducing PAPR, whose complexity does not depend on the number of 
subcarriers, is digital clipping [83].
Digital clipping of OFDM signal, however, causes significant spectral leak into adjacent 
channels. These out-of-band components must be filtered to prevent adjacent channel 
interference. In [84], a 128 subcarriers OFDM signal is clipped by a 1.4 clipping ratio and 
filtered by a 103-tap FIR filter to reduce spectral leakage. The results show that the clipped 
and filtered signal reduces the spectral leakage by almost 25 dB.
The disadvantages are the act o f filtering in digital clipping causes peak regrowth. In 
addition there is in-band interference due to clipping itself. This introduces additional 
problems because the information contained in the clipped portion is completely lost.
4.3.7 Predistortion
In contrast to the above techniques, the classical linearisation schemes such as predistortion 
techniques are gaining attention in the recent literature [85] for OFDM transmitter 
linearisation. Besides, some classical linearisation techniques such as digital predistoition 
method can be used in conjunction with the above-mentioned techniques, for example, in 
conjunction with coding method.
Analysis of an adaptive predistoiter were presented in [86], it reported improvements in the 
range of 10-12 dB were obtained. However, the improvements seem to decrease sharply by 
increasing the number of symbols. In addition, stability analyses of the system estimator and 
the predistorter in the proposed adaptive predistorter need to be performed in the future to 
determine the effectiveness o f the scheme.
4.4 OFDM LINC Transmitter
As mentioned earlier, there is no prototype system demonstrating the ability of the LINC for 
OFDM systems. This section proposes the OFDM LINC transmitter, which will be 
constructed in prototype system to evaluate its effectiveness. The experiments will be
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conducted to demonstrate that the LINC technique is superior to the above-mentioned 
methods when it used to linearise the power amplifier in OFDM transmitters.
The QPSK modulated OFDM LINC transmitter presented in the rest of this work is 
constructed on the basis of the architecture in section 3.3 and section 4.2. In this experiment 
1705 QPSK modulated OFDM subcarriers were used to transmit information, each 
transmitting 2 bits in Tg microseconds. The output signals, I(t) and Q(t) from OFDM 
modulator are then fed to the digital signal components separator.
Figure 4-4 shows a block diagram of the proposed QPSK modulated OFDM LINC 
transmitter.
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Figure 4-4: The proposed OFDM LDVC transmitter
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In accordance w ith the LINC technique, the digital inphase and quadrature components Ii(t), 
Qi(t), LCt) and Q2(t) of the two constant envelope signals Sl(t) and S2(t) are converted to 
analogue signals, filtered and upconverted to RF signals using a pair of analogue IQ 
modulators, then fed to two nonlinear power amplifiers. The output signals from the 
nonlinear power amplifiers are then summed using a conventional power combiner to form a 
replica of the input signal.
4.4.1 Experimental Results
In this system, a personal computer, which is connected to a four-channel arbitrary waveform 
generator, is used to generate from the high PAPR QPSK modulated OFDM signal the 
baseband components L(t) and Qi(t), LCt) and Q2(t) of the two constant envelope signals 
Sl(t) and S2(t), respectively. The arbitrary waveform generator has four DACs followed by 
reconstruction filters. MATLAB computer programs are used for baseband generation and 
data manipulations.
The RF chain consists of a two high power amplifiers model ZHL-42W, two power supplies 
used to supply the DC power to the power amplifiers, two analogue IQ modulators for 
frequency upconversion, an LO signal generator, which used to supply 1.8 GHz LO signals 
to the analogue IQ modulators and finally an attenuator which is connected to the spectrum 
analyser. Characteristics of some o f the hardware used in this prototype system are given in 
the previous chapter.
Each of the two analogue IQ modulators has been assembled from two mixers, a 90® power 
splitter and an inphase power combiner as shown in Figure 4-5.
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Figure 4-5: Analogue IQ modulator
LO port is the local oscillator input to the analogue IQ modulator, I and Q ports are the 
inphase and quadrature input baseband signals, respectively. The RF port is the upconverted 
output signal from the analogue IQ modulator. For simplicity, the top layout of the analogue 
IQ modulator will be used in the rest of this work.
Figure 4-6 shows block diagram of the prototype system used to predict the effectiveness of 
the LINC technique for OFDM transmitter.
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Figure 4-6: OFDM LFNC prototype system
To begin, in order to determine the nonlinear distortion caused by the power amplifier in 
OFDM signal. MATLAB computer program, which includes the QPSK modulated OFDM 
baseband processing is converted to a data file and loaded to four-channel arbitrary 
waveform generator.
The arbitrary waveform generator in turn generates two analogue baseband signals Ii(t) and 
Qi(t) (upper branch of Figure 4-6). The two analogue baseband signals are then fed to the 
inphase and the quadrature ports of the analogue IQ modulator A. The analogue IQ 
modulator frequency shifts the baseband signals from DC to the required RF frequency and 
generates an RF signal with vaiying phase and amplitude.
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The varying phase and amplitude RF signal is then amplified using high power amplifier as 
seen in the upper branch o f Figure 4-6, and fed directly to the spectrum analyser.
The high power amplifier was operating deep in saturation at its maximum power output, so 
a 30 dB attenuator is connected to the input port of the spectrum analyser in order to 
compensate for its gain.
Once the effect o f nonlinear distortion introduced by the high power amplifier in QPSK 
modulated OFDM signal is recorder. The main prototype system given in Figuie 4-6 was 
then constructed, and a second MATLAB computer program, which includes both the QPSK 
modulated OFDM baseband processing and the signal components separator processing for 
LINC is converted to a data file and again loaded to four-channel arbitrary waveform 
generator.
The arbitrary waveform generator generates four analogue baseband signals Ii(t), Qi(t), LCt) 
and Q2(t) for both upper and lower branches as seen in Figure 4-6. The four analogue 
baseband signals are then fed to the inphase and the quadrature ports of the analogue IQ 
modulator A and the analogue IQ modulator B, respectively, generating two RF constant 
envelope signals, namely, Sl(t) and S2(t).
The RF signals Sl(t) and S2(t) having varying phase but constant envelopes are amplified 
using two high power amplifiers. The combined amplified RF output signal S(t) with 
varying phase and envelope is then attenuated by 30 dB in order to compensate for the gain 
of the amplifiers, before it was measured using a spectrum analyser.
Since the input signal to each nonlinear high power amplifier has a constant envelope, the 
power amplifiers are operated deep into saturation in order to obtain maximum power 
efficiency.
4.4,1,1 Parameters for OFDM LINC Prototype System
The parameters for OFDM LINC prototype transmitter were defined to some extent with 
reference to the specifications of DVB-T 2K mode standard [65], but at the same time, in
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accordance with the characteristics of the arbitrary waveform generator with a maximum 
sampling fi*equency of 40 MHz. Obviously, this is far too slow for many broadband 
applications. Table 4-1 shows the main parameters used for OFDM LINC prototype system.
Parameter OFDM LINC Prototype Transmitter
Number o f carriers K 1705
Value of carrier number 
^m in
0
Value of carrier number 
^m ax
1704
Symbol Duration Tg 930 psec
Guard interval duration A 0 ps
Carrier spacing 1/T^ 1075 Hz
Spacing between carriers 
^m in ^m ax
1, 83 MHz
Modulation QPSK
RF carrier fc 1.8 GHz
Data bit rate 3.67 Mb/s
Table 4-2: Main parameters for OFDM LINC prototype transmitter
As mentioned earlier in section 4.2.1, the guard interval can be chosen to 1/4, 1/8, 1/16 and 
1/32 of the active symbol length. However, since the channel characteristics are not dealt
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with in this work, neither coding nor guard interval were considered in the MATLAB 
programs carried out for this work.
You will also notice that the RF centie fi'equency in the simulated results in Figuie 4-3(b), 
section 4.2.3, is much lower than the 1.8 GHz RF centre frequency used in the following 
experiments. This, however, has no effect on the experiments carried out during this work as 
only baseband processing is needed for the prototype systems and not RF processing. Low 
RF frequency is used in the simulations mainly due to the restricted simulation time and 
memory capability.
4.4.1.2 Measurement Results
Figure 4-7 shows spectrum analyser plots of OFDM signals centered on RF carrier fi'equency 
fc, before and after linearisation.
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Figure 4-7: Measurement results illustrating the output spectra of OFDM signal
(a) without LINC technique 
(b) with LINC technique
The effect of nonlinear distortion introduced by the high power amplifier in QPSK 
modulated OFDM transmitter is shown in Figure 4-7(a), the spectral regrowth improvements 
as shown in Figure 4-7(b), which was achieved by applying the LINC technique can be thus 
measured with respect to the nonlinear distorted signal.
The improvements in spectral regiowth observed by applying the LINC technique to QPSK 
modulated OFDM transmitter when the high power amplifiers were driven deep into 
saturation is approximately 15 dB. However, according to the theoretical analysis of LINC 
technique in section 3.3, The LINC OFDM system should produce an amplified version of 
the simulated transmitted signal S(t) as seen in Figure 4-3 (b), section 4.2.3. The reason for 
this is arise fi'om the requirements in accurate balance between the upper and lower branch as 
seen in the prototype system. This is a major drawback of the LINC.
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However, it’s worthy to mention that although the practical results show that the 
improvement in spectral regrowth obtained in this experiment falls far behind the expected 
theoretical results. In comparison to the PAPR reduction reported techniques, which were 
briefly reviewed in section 4.3, the LINC scheme performs far better in minimising the effect 
of nonlinear distortion caused by the power amplifier in OFDM system. Moreover, the 
LINC technique is not restricted to any type of modulation scheme or any number of 
subcarriers and does not require any decoding at the receiver.
The imbalance between the two branches is partly due to the misalignments in the analogue 
IQ modulators [21,25]. In the linearised OFDM transmitter (Figure 4-6), two analogue I/Q 
modulators are used. Being analogue, these IQ modulators usually have imperfections that 
result in an imperfect match between the two RF channels. For example, gain mismatch 
might cause the I signal to be slightly smaller than the Q signal.
Digital IQ modulators are an alternative that have the advantage of minimising this 
imbalance since they tend to be more accurate due to improved matching between the digital 
processing of the I and Q channels, and the phase accuracy of the digital IQ modulators. 
Nevertheless, they are not often considered for broadband applications such as OFDM 
systems as they tend to suffer from limited bandwidth. In addition, they require extra RF 
fi'equency upconversion stages as well as image rejection filters.
Since this misalignment in the analogue IQ modulator constitutes a nuisance for LINC 
OFDM systems, it must be compensated. Therefore, in next chapter we aim to propose a 
scheme to reduce the misalignments to a minimum between the signal paths.
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4.5 Conclusion
The review of formal aspects of OFDM signal generation and the development o f expression 
for modeling the transmission process were presented and allowed an understating of the 
characteristics of the transmitted signal. In addition, brief review of well-known PAPR 
techniques was included. Although there are an extensive bibliographical list of 
contributions to the study of OFDM characteristics and algorithms to perform PAPR 
reduction, the information available for OFDM LINC system is not so wide.
In this chapter, it was demonstrated that the proposed OFDM LINC transmitter is well suited 
for broadband applications, optimally employing the potential merits. The LINC technique 
adopts digital algorithm for generating two output signals with constant envelope from a 
QPSK modulated OFDM signal with high PAPR, This system is highly suited for OFDM 
signal amplifications since the inputs to the amplifiers are constant so the amplifiers can 
operate to have maximum efficiency for a given RF power. For experimental verification, a 
practical prototype OFDM LINC transmitter was constructed and tested to show the 
effectiveness of the LINC. Indeed, improvements in the spectral regrowth were almost 15 
dB when the amplifiers were operating deep into saturation. This improvement could be 
even higher if a smaller output back-off is being adopted. Moreover, the OFDM LINC 
system is expected to be more effective if  an accurate balance between the two branches 
could be achieved. However, in the conventional case, the highly accurate balance cannot be 
achieved due to the poor characteristics of the analogue RF components.
In comparison to coding, orthogonal pilot sequences, partial transmit sequence, selective 
mapping and tone injection methods, the LINC technique performs far better. In addition, it 
shows to be independent of the characteristics of the input data and it allowed the possibility 
to use a different modulation scheme for each subcarrier
Although digital clipping and filtering method reported better reduction in spectral regrowth 
than the LINC technique, this improvement was proportional to the clipping factor, and the 
higher clipping factor causes more lost of information, which in turn increases bit error rate.
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Adaptive predistorter has also been shown to be effective. However, the improvements 
achieved using this method seem to decrease sharply by increasing the number of 
subcaniers. In addition, the stability of the system is of main concern, especially for 
broadband applications.
In summary, the experimental results confirm that OFDM LINC transmitter provides good 
performance in the linearity in comparison to the abovementioned techniques and can be 
easily embodied in digital domain. Thus, this prototype transmitter is a hopeful solution for 
recent and future broadband applications. Regardless of this, there exist many other open 
issues concerning both OFDM transmission and LINC architecture, some o f which we intend 
to address in the following chapter.
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Chapter 5
IQ Imbalance Compensation
5.1 Introduction
The OFDM transmitter presented in the previous chapter (see Figure 4-2), the inphase and 
quadrature baseband signals are directly frequency shifted to RF signal using the analogue 
IQ modulator. This structure is known as direct upconversion architecture. In this 
architecture only one LO is required and there is no image fr equency, and thus, no need for 
image frequency rejection filters. Therefore, it is well suited to monolithic integration.
One practical complication in using direct conversion architecture is the IQ imbalance 
introduced by the analog IQ modulators. Unfortunately, both the direct conversion OFDM 
system [20-24] [87,88] and LINC structure [25,48] are very sensitive to IQ imbalance of the 
analog IQ modulators. This sensitivity leads to either heavy analogue processing 
specifications, and thus, an expensive system or large degradation in the system 
performance. In fact, even with careful design of analog circuits, practical quadiature signal 
mixing always introduces certain amount of amplitude and phase errors.
Unlike nonlinear distortions, reducing the input signal level cannot eliminate IQ imbalance. 
The relative dc offsets, i.e., carrier leakage, will get worse as the signal levels are reduced, 
and additional dc nulling circuits may be necessary [89,90]. In a general term, the gain and 
phase misalignments produce a counter-rotating signal of amplitude v, is given by [90]
0exp(jtan ‘^  — )
2 —  (5.1)
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Where 0  is the phase mismatch, and ôk is the gain mismatch factor between the inphase and 
quadrature signals. The spectrum of the counter-rotating signal represents the unwanted 
sideband in the transmitted spectrum signal.
In [48], the simulation results o f a conventional LINC transmitter where two analogue IQ 
modulators were used with misalignment parameters of 0.5 dB gain and 5 degree phase error, 
show degradation of 10 dB in spectral regrowth. Hence, the ideal performance o f LINC 
method relies on a robust IQ imbalance compensation scheme that can reduce the effect of 
the non-idealities o f the analogue IQ modulators. In reality, however, the performance of the 
LINC can also be affected by the mismatch in the signal paths caused by other components 
in the transmitter.
The effect of IQ imbalance in direct conversion OFDM systems is well documented in the 
literature and different approaches exist in analyzing the gain and phase imbalance, for 
example, in [91], the theoretical analysis estimated that the gain and phase misalignments in 
OFDM system cause the symbol at the subcarrier kmax to be multiplied by the complex factor 
y, is given by [91]
1 + (l + Xoos(0) - jsin(0)) (5.2)
'< r
In addition, a spurious component will be present, which is equal to the conjugate of the 
symbol at kmin subcarrier multiplied by another complex term X, is given by [91]
1 - (l - 0^ Xoos(0) - jsin(0)) (5.3)
2
The symbol at the k^ax^ subcarrier, therefore, will include an interference related to the 
symbol at the kmin'* subcarrier, and vice versa. Simulation results in [91] show 14 dB 
degradation in the performance when a gain mismatch of 0.5 dB and a phase mismatch of 5 
degrees were introduced in a 16-QAM modulated OFDM signal.
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Consequences of the analytical model of IQ imbalance in [87] for both single carrier (non- 
OFDM) and multicarrier OFDM based systems, show that the OFDM based system is more 
sensitive to IQ imbalance effect than the single carrier (non-OFDM) based system.
Although several compensation algorithms have been proposed to compensate for IQ 
imbalance in OFDM systems, two promising IQ compensation methods are the BSS (Blind 
Source Separation) [92], and a HD (Hard Decision) method [93], operating in the time and 
frequency domain, respectively.
The BSS method is based on adaptive algorithm, and thus can suffer from the delay caused 
by the adaptation time but doesn’t require any information concerning the underlying system, 
and hence the name, the term "blind" stress the fact that no prior information about the 
underlying mathematical model is necessary for the estimation. Meanwhile, the HD is based 
on the training sequences being sent at the beginning of each packet and requires information 
on the underlying system i.e., the number of subcarriers and the modulation scheme. 
However, it waives any knowledge of the data being transmitted, regardless o f its character. 
Although, the performance of HD method is much lower than that o f BSS method [87], its 
advantage is the computational simplicity of the correction algorithm, and since it’s 
operating in the frequency domain, it may make use o f the already implemented FFT. Future 
analysis is needed to determine whether those techniques can perform well with the LINC 
structure as well as the OFDM structure.
Reported IQ imbalance techniques for the LINC architecture tend to reduce the effect of 
misaligmnents between the two branches. In [94] a phase correction method was proposed 
for a LINC transmitter employing OQPSK (Offset-QPSK). In this method, a multiplier 
detects the phase imbalance, and the phase of one branch is controlled, and by adding or 
subtracting a certain phase increment to the controlled branch, it compensates for the phase 
error. The technique shows a significant improvement in spectral regrowth. In addition, 
since the phase imbalance is detected by multiplying the two power amplifiers outputs. 
Hence it also reduces the phase error introduced by other analog components in the forward 
path of the branches.
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The drawback of the above algorithm is that the accuracy is compromised if the imbalance is 
a result of the combination of both gain imbalance and phase imbalance. Therefore, a 
method was proposed in [95] to correct the gain imbalance as well as the consequent phase 
imbalance. In this method the CDMA (Code Division Multiple Access) output signal is 
attenuated and down converted and then fed to a LPF before a baseband controller is used to 
compensate for both the gain and phase errors. With this method, an improvement of 16 dB 
in spectral regrowth was achieved.
However, the drawback of those two methods [94,95] is the delay caused by the feedback 
configuration, and thus, stability analyses of the system needs to be performed in order to 
determine the effectiveness of both schemes, especially for wide band applications such as 
OFDM systems, and careful design is also required to prevent the additional imbalance 
introduced by the required extra analogue hardware in the down-conversion path used in the 
closed loop. Although, the two schemes proved to be effective in reducing the effect of the 
IQ imbalance between the two branches in the LINC structure, they do not addiess the effect 
of the IQ imbalance within each branch, and thus wont be suitable for direct conversion 
OFDM based systems.
Alternatively, a compensation algorithm can be designed which operates at the baseband and 
able to compensate for both the IQ imbalance in one branch, that is, the OFDM system, and 
the imbalance between the two branches, that is, the LINC system. Therefore, this chapter 
introduces a low-complexily digital compensation scheme to combat the IQ imbalance 
caused by the analogue IQ modulator in the direct conversion OFDM transmitter. The 
compensation processing is done at the baseband so it does not require any additional 
analogue hardware. The proposed digital IQ imbalance compensation method is then used in 
conjunction with the LINC technique to maximise the performance o f the transmitted OFDM 
signal. Finally, a prototype system, which cascade the LINC and IQ imbalance 
compensators is constructed to provide proof of concept of the method. The results are then 
compared to those achieved exclusively by the LINC technique, which were presented in the 
previous chapter.
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5.2 OFDM Transmitter with IQ Imbalance Compensation
The proposed compensation technique o f the IQ imbalance is based on the relation between 
the input and the output of the analogue IQ modulator information. Once this information is 
available, the digital IQ imbalance compensator estimates the difference between the ideal 
output baseband signals from the OFDM modulator and the measured data of the analogue 
IQ modulator and perform error correction. The IQ imbalance compensator can be 
implemented using either software or digital hardware. In this work, however, MATLAB 
program is used to develop the IQ imbalance compensator algorithm.
5.2.1 Analog IQ Modulator Measurements
To begin, measurements are required to fully characterize the analogue IQ modulator, i.e., 
the input and output relation of the device. The analog IQ modulator was assembled in a 
similar procedure described in section 4.4.1. Then a suitable measurement station has been 
set-up to carry out the measurements on the analogue IQ modulator, and is schematically 
depicted in Figure 5-1
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Figure 5-1: Analogue IQ modulator measurement set-up
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Usihg HP-VEE (Hewlett Packard-Visual Engineering Environment), a gi-aphical 
programming language fi*om Agilent Technologies, optimised for building test and 
measurement applications, controlling a HP-85 IOC network analyser and two programmable 
power supplies, model HP-E3631A, triple output DC power supply. This measurements 
procedure can then be automated.
Figure 5-2 shows the HP-VEE program that was used for controlling the instruments, 
measuring the constellation of the analogue IQ modulator and storing the data into file to be 
used with MATLAB programs for the proposed IQ imbalance compensation teclmique.
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Figure 5-2: HP-VEE program for measuring the analogue IQ modulator characteristics
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As it can be seen from Figure 5-2, the program consists of a double for-next loop that steps 
through the full range of bias levels i.e. the in-phase and quadrature components of the 
analogue IQ modulator on power supply E3631A 2 for every voltage step taken by power 
supply E3631A_1. Once the desired voltage levels have been passed to the power supplies, 
the program requests the value of the S21 (Scattering Parameter) marker. This gives the 
value of the analogue IQ modulator’s complex transmission coefficient for the assigned 
inphase and quadrature control voltage levels. This data, along with the two voltage levels, 
are then appended to a text file to be used with MATLAB programs. Once the apparatus is 
set up, the program can run overnight. The operating frequency was set to a single point of 
1.8 GHz.
Figure 5-3 shows the measured characteristics of the analogue IQ modulator on a polar 
plane.
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Figure 5-3: Measured constellation of the analogue IQ modulator A
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The polar plot is useful because the entire constellation of the analogue IQ modulator is 
covered. Instead of storing data directly into a data file, the constellation is also displayed in 
vector form. As it can be seen fi'om Figure 5-3, the magnitude of the vector is the distance 
from the centre of the display, and the phase is displayed as the angle of vector referenced to 
the horizontal line from the centre to the right-most edge. The constellation set appears to 
shift to the right. This is due to the IQ imbalance of the analogue IQ modulator.
5.2.2 IQ Imbalance Compensation Algorithm
After the measured data have been collected, MATLAB program is then used to extract 
specific constellations for generating the OFDM baseband signals. This involves specifying 
a set of desired transmission states and then searching through the data to find which 
measured values are closest to them as shown in Figure 5-4.
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Figure 5-4: Direct conversion OFDM transmitter with digital IQ imbalance compensation algorithm
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As it can be seen from Figure 5-4, Ir(t) and Qr(t) represent the baseband components of the 
measured complex transmission coefficient, Mr represent the measured magnitude, and Ii(t) 
and Qi(t) represent the ideal transmission coefficient of the analogue IQ modulator. The 
measured data is loaded to column arrays known as LUTs. For each of OFDM magnitude 
value (Ii^(t)+Qi^(t))^^^ , the program will check eveiy measured stored data to determine if it 
has a lower error function.
The closest measured point Mr, is defined to be the one for which the magnitude of the 
distance separating it fi'om the ideal point is minimised. This gives the following error 
function:
E V (t) =  ( ( I , ( t ) - I , ( t ) ) , (Q ,( t ) -Q ,( t ) )  (5.4)
=  (E I(t),E Q (t))
Where EV(t) represents the error vector, EI(t) and EQ(t) represent the inphase and quadrature 
components of the error vector EV(t), respectively.
The above formula gives the expression for EVM(t).
EVM (t) = ^E I^(t) + EQ "(t) (5.5)
Where EVM(t) is the error vector magnitude. Similarly, the expression for EVP(t) is found 
to be:
EVP(t) =  tan-' ( M )  (5 ^ )
Where EVP(t) is the eiTor vector phase. Once the measured point that minimises this error 
becomes known, its associated voltage levels also become known. The program then
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substitutes the new values with the ideal values as the new input baseband signals to the 
analogue IQ modulator.
5.2.3 Prototype System and Results
A suitable prototype system is constructed to determine the effectiveness o f the IQ imbalance 
compensation scheme for the direct conversion OFDM transmitter as shown in the diagram 
of Figure 5-5.
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Figure 5-5: Prototype system of OFDM transmitter with digital IQ imbalance compensation
The personal computer is used to develop the OFDM baseband signals and the IQ imbalance 
compensation algorithm using MATLAB software, and generates the data file. The data file 
is then loaded to an arbitrary waveform generator, which is connected to the computer via a 
GPIB. The arbitrary waveform generator generates the two new analogue baseband signals
Ir(t) and Qr(t).
The new baseband signals Ir(t) and Qr(t) are fed directly to the in-phase and quadrature ports 
of the analogue IQ modulator, respectively. The 1.8 GHz frequency carrier signal is 
generated using an Agilent LO signal generator model E4422B. The resulting output RF 
signal S(t) is injected into a 30 dB attenuator and displayed on the spectrum analyser.
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As it was mentioned in the previous chapter, the parameters used for the baseband processing 
of OFDM transmitter in this work were with reference to the specifications of DVB-T 2K 
mode standard, which usually have a bandwidth of 7.61 MHz. However, due to the arbitrary 
wavefomi generator low sampling firequency, the parameters of the OFDM signal including 
the bandwidth used in the experiments earned out in this work had to be scaled. These 
arbitraty waveform generators were at the time among the fastest and cost effective available 
for general-purpose laboratory use.
5.2.3.1 Results
In order to determine the effect of the IQ imbalance on OFDM transmission signal, first, the 
simulation of a direct conversion OFDM transmitter using an ideal IQ modulator was carried 
out. The simulated result will then be compared to the measured results. Figure 5-6 shows 
the simulated results illustrating the output spectra of an ideal direct conversion QPSK 
modulated OFDM signal with symbol duiation Tg of 930 |as and 1705 subcarriers.
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Figure 5-6: Simulated spectra of an ideal direct conversion QPSK modulated OFDM signal
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As it can be seen from Figure 5-6, the first side lobes of the spectrum are almost 45 dB 
below carrier. The 3 dB bandwidth is readily from the graph. The 18 MHz centre frequency 
carrier used in the simulation process, as mentioned earlier, is mainly due to the restricted 
simulation time and memory capability of the personal computer.
Figure 5-7 shows the measured spectra o f the QPSK modulated OFDM signal without the IQ 
imbalance compensation technique and with IQ imbalance compensation technique.
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Figure 5-7: Measurement results illustrating the output spectra for direct conversion OFDM
signals
(a) OFDM spectra without IQ imbalance compensation
(b) OFDM spectra with IQ imbalance compensation
As it can be seen from Figure 5-7(a), the first side lobes in the measured spectra of the direct 
conversion QPSK modulated OFDM signal without IQ imbalance compensation technique is 
almost 35 dB below carrier, in other words, there is a spectral regrowth of almost 10 dB in
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comparison to the simulated results of Figure 5-6 when an ideal IQ modulator was used. 
This degi'adation is partly due to the IQ imbalance caused by the analogue IQ modulator.
However, as it can be seen fi-om Figure 5-7(b), there is an improvement of almost 5 dB in 
spectral regrowth, which corresponds to a 40 dB below carrier when the QPSK modulated 
OFDM transmitter adopts the IQ imbalance compensation technique. This is 5 dB less than 
the predicted result of Figure 5-6. Part of this loss in the performance can be attributed to 
other components such as DACs and reconstruction filters embodied in the arbitrary 
waveform generator. Regardless of this loss, the digital IQ imbalance compensation 
technique proved to be effective in reducing the non-idealities effects of the analogue IQ 
modulator in direct conversion OFDM transmitter
5.3 OFDM LINC Transmitter with Digital IQ Imbalance 
Compensation
Taking advantage of the effectiveness of the proposed digital IQ imbalance compensation 
technique and its simplicity. It was then decided to impose it on the direct conversion 
OFDM LINC transmitter. However, since the LINC architecture requires two analogue IQ 
modulators, in this case, a measurement o f the characteristics of the second modulator named 
analogue IQ modulator B is then necessary.
By duplicating the measurement procedure presented in section 5.2.1 for the analogue IQ 
modulator A, the measured constellation of the analogue IQ modulator B is then presented in 
Figure 5-8.
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Figure 5-8: Measured constellation of the analogue IQ modulator B
Although the constellation set of the analogue IQ modulator B depicted in Figure 5-8 looks 
similar to that of the analogue IQ modulator A presented in Figure 5-3, a closer look will 
reveal that there is a slight difference in their characteristics. This implies that when those 
two analog IQ modulators are used in the LINC system, the LINC system will not only suffer 
from the IQ imbalance within the analogue IQ modulators but also from the imbalance 
between the two signal paths (upper and lower branch) since the characteristics of the two 
analogue IQ modulators do slightly differ from each other. This will cause incomplete 
cancellation of unwanted elements when the two constant envelope signals Sl(t) and S2(t) 
are combined. As a result, a large number of unwanted spurious products will appear in the 
output spectrum, increasing spectral regrowth. In other words, recall from equations (3.12) 
and (3.13) presented in chapter 3, that is, if the two signal paths (upper and lower branch) in 
the LINC transmitter are perfectly matched, E(t) will ideally cancel its anti-phase counterpart 
when the two constant envelope signals Sl(t) and S2(t) are combined, leaving only a replica 
of the amplified signal S(t). However, since the characteristics of the two analogue IQ
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modulators are slightly different. This will cause gain and phase mismatch between the two 
branches, and thus, the signal E(t) will not completely cancel its anti-phase counter part.
Hence, by adopting the digital IQ imbalance compensation technique, we are not only aiming 
at reducing the effect of IQ imbalance within the two branches but also reducing the 
misalignments between the two branches.
A schematic diagram of the proposed direct conversion OFDM LINC transmitter with digital 
IQ imbalance compensation technique is depicted in Figure 5-9.
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Figure 5-9: Direct conversion OFDM LBVC transmitter with digital IQ imbalance compensation
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In the proposed direct conversion OFDM LINC transmitter with digital IQ imbalance 
compensation technique, the ideal inphase and quadrature QPSK modulated OFDM 
components Ii(t) and Qi(t) are directly fed to the signal components separator, which in turn 
generates the ideal inphase and quadrature components In(t) and Qn(t), l2i(t) and Q2i(t) of the 
two constant envelope signals Sl(t) and S2(t), respectively. The baseband components In(t) 
and Qii(t), l2i(t) and Q2i(t) are then applied to the two IQ imbalance compensation blocks 
named IQ imbalance compensation A and IQ imbalance compensation B ,one for each 
branch of the LINC transmitter. Both IQ imbalance compensators follow the same procedure 
described in section 5.2.2 simultaneously.
Each digital IQ imbalance compensator generates two new baseband components Iir(t) and 
Qh(t), l2r(t) and Q2i(t), respectively. The new components are applied to the two analogue IQ 
modulators, which in turn frequency shift the baseband signals from DC to the required RF 
frequency and each generates a new constant envelope RF signal named Sl(t) and S2(t). The 
two signals Sl(t) and S2(t) with constant envelopes but vaiying phase are amplified 
separately and recombined to form an amplified replica of the input signal S(t).
Since the IQ imbalance will be reduced to a minimum in each branch. This in turn will 
reduce the imbalance between the two branches, and thus, improve the efficiency of the 
LINC architectuie.
5.3.1 Prototype System and Results
Figure 5-10 shows block diagram of the prototype system used to predict the effectiveness of 
the digital IQ imbalance compensation technique for OFDM LINC transmitter.
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Figure 5-10: OFDM LINC transmitter with digital IQ imbalance prototype system
For clarity, you will notice that there is a similarity between the prototype system of Figure 
5-10 and the prototype system of Figure 4-6. Indeed, the instruments and the RF 
components are the same but the baseband processing is different since the baseband 
processing in the former adopts both the LINC processing and the IQ imbalance 
compensation algorithm while the baseband processing in the latter adopts only the LINC 
processing.
In the prototype system of Figure 5-10, MATLAB computer program that includes the 
QPSK modulated OFDM baseband processing, the signal components separator processing 
for LINC and the IQ imbalance compensation algorithm is converted to a data file and again 
loaded to four-channel arbitrary waveform generator.
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The arbitraiy waveform generator generates four analogue baseband signals Iir(t), Qir(t), 
l2r(t) and Q2r(t) for both the upper and lower branches. The four analogue baseband signals 
are then fed to the inphase and quadrature ports of the analogue IQ modulator A and 
analogue IQ modulator B, respectively, generating two RF constant envelope signals, Sl(t) 
and S2(t), that are amplified separately and recombined.
Finally, the combined RF output signal S(t) with varying phase and envelope is then 
attenuated by 30 dB in order to compensate for the gain of the amplifiers, before it was 
displayed on a spectrum analyser. Two amplifiers are used to drive the HPAs into 
compression.
5.3.1.1 Results
Figure 5-11 shows the measurement results illustrating the output spectra for direct 
conversion OFDM LINC transmitter with digital IQ imbalance compensation technique.
Ref 2 0 dBm Peak fltten
d B /
HI S2 S3 PS
Center 1.8 GHz Res BH 30 kHz 3 0  kHz Sweep 13.89  ms (401 o ts )
Ref 20 dBm Peak " fltten 30 dB
HI 32  S3 FS
Center 1.8 GHz 30 kHz Sweep 13.89 ms (401 ots)
(a) (b)
Figure 5-11: Measurement results illustrating the output spectra for OFDM signals 
(a) with LINC technique but without IQ imbalance compensation
(b) with LINC technique and IQ imbalance compensation
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For clarity. Figure 5-11(a) is a duplicate of Figure 4-7(b), which represents the measured 
spectra of the QPSK modulated OFDM LINC transmitter but without the IQ imbalance 
compensation technique. That Figure was duplicated here in order to compare it with the 
measured spectra of the QPSK modulated OFDM LINC transmitter with digital IQ 
imbalance compensation scheme as depicted in Figure 5-11(b) and to determine the 
effectiveness of the IQ imbalance compensation scheme when it’s adopted by OFDM LINC 
transmitter. Hence, as it can be seen from Figure 5-11 that the digital IQ imbalance 
technique improves the performance of the OFDM LINC signal by almost another 8 dB, and 
thus, the digital IQ imbalance compensation technique is not only proved to be effective in 
reducing spectral regrowth in one branch, that is, direct conversion OFDM transmitter 
without a LINC structure but also between the two branches, that is, with the LINC structure.
Hence, the LINC architecture with digital IQ imbalance compensation technique proved to 
be an effective solution in reducing spectral regrowth in a direct conversion OFDM 
transmitter.
However, the requirements with respect to the spectrum level outside the channel bandwidth 
as detennined in the standard DVB-T [65] through spectrum emission templates, should be 
at least 36 dB lower than the level of the spectrum at frequencies inside the nominal 
bandwidth. According to Figure 5-11(b), the requirement o f an attenuation of 36 dB is not 
obtained. This can be attributed to the effect of the characteristics of the power combiner, 
cables, adaptors and the mismatch between the characteristics of the amplifiers themselves. 
This problem can be overcome by adopting an appropriate output back-off, which will help 
to reduce the level of the specti um at frequencies outside the nominal bandwidth and achieve 
the required ACP (Adjacent Channel Protection).
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5.4 Conclusion
The chapter addressed the problem of IQ imbalance in direct conversion OFDM transmitter. 
By using HP-VEE software and hardware instruments, an input-output relation of the 
analogue IQ modulator was derived. This input-output relation was then used to develop a 
compensation algorithm for the IQ imbalance in the digital domain. An important property 
of the proposed IQ imbalance compensation technique is that it reduces the effect of IQ 
imbalance in both the direct conversion OFDM transmitter as stand alone system and OFDM 
LINC system jointly at the baseband. In other words, the OFDM transmitter is not 
necessarily required to use the LINC scheme in order to achieve better IQ matching. This is 
an advantage for systems where the OFDM system is designed to use an alternative PAPR 
reduction method.
Although the method was proved to be effective in improving the spectral regrowth and it’s 
simple to implement, prior knowledge of the characteristics of the analogue IQ modulator is 
required. In addition, those phase and gain enors are random in nature, and thus, an 
adaptation configuration may need to be considered in the future.
Another disadvantage o f the proposed IQ imbalance compensation technique is that since the 
analogue IQ modulator’s distribution of transmission states can be rather sparse in some 
areas as evidence from Figure 5-3 and 5-8, it will then be necessary to sweep the inphase and 
quadrature contiol voltages with a fine increment, especially when a high level modulation 
scheme is required for the OFDM transmission signal. In a practical scenario, this will lead 
to a very large measurement arrays, increasing the LUT memory resources.
However, regardless of those drawbacks, this chapter presented a working prototype system 
for a direct conversion OFDM LINC transmitter with digital IQ imbalance compensation 
scheme suitable for a wide range o f broadband applications, with good improvement in 
spectral regrowth.
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Chapter 6
Conclusion
6.1 Contributions of this Thesis
The number of applications where linear and efficient transmitter units are required increases 
every year. As a matter of fact, nowadays, transmitter linearisation is a field of great interest 
for the new high-speed wireless communications systems.
In this work two types of transmitters were investigated. Two-stage upconversion 
architecture and direct upconversion architecture. For a two-stage upconversion transmitter, 
the LINC technique was used to generate signals with constant envelope for both mixer and 
power amplifier that are employed in the RF stage of the single carrier QPSK (non-OFDM) 
transmitter, and thus eliminating the nonlinear distortion generated in the fiequency- 
translating process in addition to that generated in the power amplifier itself. The technique 
was published under the title “Linear Frequency Translation and Amplification with 
Nonlinear Components”.
For a direct upconversion OFDM transmitter, the effect of the gain and phase imbalance 
caused by the analogue IQ modulator was investigated, and from the measured results, it was 
demonstrated that these effects not only reduce the performance of the direct conversion 
OFDM system but they severely reduce the efficiency of the LINC technique itself causing 
spectral regrowth. A digital IQ imbalance compensation method was then developed, which 
helped to correct for these mismatches, and thus extending the LINC ability to compensate 
for the nonlinear distortion caused by the power amplifier and the analogue imperfections 
caused by the analogue IQ modulators in the direct conversion multi-carrier QPSK 
modulated OFDM transmitter simultaneously. With this scheme, all the processing is
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accomplished at baseband. Again, the technique was published under the title “OFDM LINC 
Transmitter with Digital I/Q Imbalance Compensation”.
The performance of the techniques was demonstrated through experimental measur ements 
using prototype systems that have been constructed for both single carrier QPSK (non- 
OFDM) and multi-carrier QPSK modulated OFDM transmitters, and they consist of (i) a 
processing and control unit, namely a personal computer, (ii) an Agilent E4422B RF signal 
generator, (iii) a TTI-TGA1244 four channel arbitrary waveform generator with 12-bit 
vertical resolution and 256k point waveform memory, (iv) an Agilent E4407B spectrum 
analyzer, (v) a HP 54602B foui* channel 150Mhz oscilloscope and (vi) RF components.
MATLAB programs have been used for all the required baseband processing. This includes 
the generation of the LINC signals, the computation and compensation of the IQ imbalance 
and the generation of the final baseband signals for single carrier QPSK (non-OFDM) and 
multi-carrier QPSK modulated OFDM transmitters.
A suitable measurement station has been set-up to caiTy out the measurements on the 
analogue IQ modulators, and it consists of an Agilent 85IOC microwave RF vector network 
analyser, a HP E3631A triple output power supply and a computer that used for 
programming and reading the instruments via a GPIB using HP-VEE programs to control 
them and perform the task of data collection.
This PhD represents a distinct contribution to the area of tiansmitter linearisation. It also 
adds to the current knowledge in high-speed wireless communications systems, transmitters 
architecture, PAPR reduction techniques, frequency translation techniques and finally 
measurement techniques.
Table 6-1 presents some of the major contributions made in this thesis.
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Contribution Chapter
Mixer linearisation 3
Power amplifier linearisation 3 and 4
IQ imbalance compensation in OFDM transmitter and in LINC architecture 5
Table 6-1: Thesis research contributions 
111 conclusion, the aims of the research as outlined in the first chapter have been achieved.
6.2 Future Work
A couple of open possibilities regarding the improvement and further evaluation of the 
proposed techniques can be listed at this point.
Due to the scarcity of spectrum and the new technical possibilities, attention has been drawn 
to the millimetre-wave band. It has become a hot topic as a research area for broadband 
communications. Some research programs have been looking at the possibility of using 
OFDM for broadband systems at earner fiequencies in the range of 40 GHz and up, which is 
nearly unused and allows for large bandwidth applications. Thus there is an open possibility 
to evaluate the proposed LINC with IQ imbalance technique for such frequency bands.
The proposed techniques for transmitters linearisation are based on open loop configuration, 
and thus any changes in the characteristics of RF components will in turn affect the 
performance of the systems. Hence adaptation may need to be investigated and considered 
for future work.
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